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contains the signal representative of the sampling fre- 
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Description . / * . : ^ r 4 .^■••'."v.v i^*-; ; 

BACKGROUND OF THE INVENTION *• • • . . . r ; 

5 Reld of the Invention 

[0001 ] This invention relates to an audio signal encoding apparatus. This invention also relates to an optical record- . 
ing medium. In addition, this invention relates to an audio signal decoding apparatus. Furthermore, this invention relates 
to a method of transmitting an audio signal, and a transmission medium. . . .. - 
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Description of the Related Art 



[0002] Highly efficient encoding of an audio signal includes a step of compressing the, audio signal. Highly efficient 
encoding techniques are classified into two types; the lossy encoding techniques and the lossless encoding techniques. 

is Among the lossy encoding techniques, the "acoustic encoding" is well known as a technique which renders the data 
deterioration acoustically undetectable. On the other hand, according to the lossless encoding and decoding tech-, 
niques, the recovered data are exactly the same as the original data. -;v-; , : : } 

[0003] In general, a sampled or uniformly quantized audio signal has significant redundancy During the encoding 
of such an audio signal, the degree of the compression of the audio signal rises as redundancy is more effectively 

so removed therefrom. a *.-N >■ ; '\. vV*?-: • ." . : M f' f *""' 

SUMMARY OF THE; INVENTION . 

[0004] It is a first object of this invention to provide an improved audio signal encoding apparatus. 
25 [0005] It is a second object of this invention to provide an improved optical recording medium. 
[0006] It is a third object of this invention to provide an improved audio signal decoding apparatus. 
[0007] It is a fourth object of this invention to provide an improved method of transmitting an audio signal. 
[0008] It is a fifth object of this invention to provide an improved transmission medium. * :; ' ; ' r - 
[0009] ... Afirst aspect of this invention provides an audio signal encoding apparatus comprising means for.cpm^ 
ing multiple-channel digital audio signals into compression-resultant multiple-channel signals respectively, the multiple- 
channel digital audio signals relating to a sampling frequency and a quantization bit number, and means for formatting 
the compression-resultant multiple-channel signals, a signal representative of ttie sampling frequency, and a signal rep- 
resentative of the quantization bit number into a formatting-resultant signal, the for matting-resultant .signal containing a 
sub packet and a sync information portion, the sub packet containing at least portions of the compression-resultant mul- 
tiple-channel signals, the sync information portion containing the signal representative of the sampling frequency and 
the signal representative of the quantization bit number. \ l /1\T'' ! T'.J'.!''. i . 
[0010] Asecond aspect of this invention provides an optical recording medium storing a formatting-resultant signal 
containing a sub packet and a sync information portion, the sub packet containing at least portions of compression- 
resultant multiple-channel signals which result from compressing multiple-channel digital audio signals respectively, the 
40 sync information portion containing a signal representative of a sampling frequency related to the multiple-channel dig- 
ital audio signals and a signal representative of a quantization bit number related to the multiple-channel digital audio 
signals. . . \ 

[001 1 ] A third aspect of this invention provides an audio sigriai decoding apparatus comprising means for separat- 
ing a formatting-resultant signal into a sub packet and a sync information portion; means for extracting compression- 

45 resultant multiple-channel signals from the sub packet; means for expanding the extracted compression-resultant mul- 
tiple-channel signals into multiple-channel digital audio signals respectively; means for extracting a signal representa- 
tive of a sampling frequency and a signal representative of a quantization bit number from the sync information portion; 
and means for converting the multiple-channel digital audio signals into analog audio signals in response to the signal 
representative of the sampling frequency and the signal representative of the quantization bit number. 

so [0012] A fourth aspect of this invention provides a method of transmitting an audio signal. The method comprises 
the steps of compressing multiple-channel digital audio signals jntp compression-resultant multiple-channel signals 
respectively, the multiple-channel digital audio signals relating to a sampling frequency and a quantization bit number; 
formatting the compression-resultant multiple-channel signais, a signal representative of the sampling frequency, and 
a signal representative of the quantization bit number into a formatting-resultant signal, the formatting-resultant signal 

55 containing a sub packet and a sync information portion, the sub packet containing at least portions of the compression- 
resultant multiple-channel signals, the sync information portion containing the signal representative of the sampling fre- 
quency and the signal representative of the quantization bit number; and transmitting the formatting-resultant signal 
through a communication line. 
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[001 3] , A fifth aspect of this invention provides an audio.signai encoding apparatus cornprising means for compress- 
ing multiple-channel digital audio signals into compression-resultant multiple-channel signals respectively; and means 
for formatting the compression-resultant multiple-channel.signais and an identifier into a formatting-resultant signal, the 
formatting-resultant signal containing a sub packet and a sync information portion, the sub packet containing at least 

5 portions of the" compression-resultant multiple-channel signals, the sync Information portion containing the identifier, 
the identifier representing that signals. in the sub packet.are cq'mpression^esuitant signals. " ' . ' , V. ' // . 
[0014] A sixth aspect of this invention provides an opticai recording medium storing a formatting-resultant signal . 
containing a sub packet! and a.sync information portion,, the, sub packet, containing at least portions, of compression- . 
resultant multiple-channel signals which result from compressing multiple-channel digital audio signals respectively the 

10 sync information portion containing an identifier. representing, that signals in the sub packet are compression-resultant 

Signals. t .. ,. f ,. ._i.. r .. t " jV ,,-....>.,. r . . y ^ • ~« - V , r'v v. -i- :;-,y; rV ': v ".v. v~ vv, J: 

[0015] .A seventh aspect of this invention provides an audio signal decoding.apparatus comprising means for sep- 
arating a formatting-resultant signal into a.sub packet and a.sync .information portion; means for, exfracting .compres- 
sion-resultant multiple-channel signals from the sub packet; means for extracting an identifierfrom tiie sync information . 
15 portion, the identifier representing that signals in the sub packet are; compression-resultant signals, and means for 
expanding the extracted compression -resultant multiple-channel signals into. multiple-channel digital audio signals in 
response to the .extracted identifier, respectively. 

[001 6] An eighth aspect of this invention provides a method of transmitting an audio signal. The method comprises 
the steps of compressing multiple-channel digital audio signals into. compression-resultant multiple-channel signals 

20 respectively; formatting the compression-resultant multiplerchannel signals and an identifier, into a for mattingTresultant 
signal, the formatting-resultant signal containing a sub packet and a sync infprmation portion, the sub packet containing 
at least portions of the compression-resultant multiple-channel signals, the sync information portion containing the 
identifier, the. identifier representing that signals in the sub : packet are compression-resultant signals; and ^transmitting 
the formatting-resultant signal through a communication line. 

25 [0017] .A ninth aspectof this invention provides a DVD-audio ; disc storing an audio pack loaded with a jfor matting- 
resultant signal containing a sub packet and a sync information portion, the sub. packet containing at least portions of 
compression-resultant multipie^hannel signals which result from compressing multiple-channel digital audio signals 
respectively, the sync information portion containing a signal representative of a sampling frequency related to the mul- 
tiple-channel digital audio signals and a signal representative of a quantization bit number related.to the multiple-chan- 

30 nel digital audio signals .. ; - 

[0018] A tenth aspect of this invention is based on the third.aspect thereof, and provides* anaudio signal decoding . 
apparatus further comprising means for separating an audio packet from an audjppack, the audio packet containing 
said formatting-resultant signal , v ■■■■■ v 

[001 9] An eleventh aspect of this invention proyides a pVD-audio disc storing an audio pack loaded, with a format- 
35 ting-resultant signal containing a sub packet and a sync information portion, the sub packet containing at lea?st portions . 
of compression-resultant multiple-channel signals which result from compressing multiple-channel. digital audio signals 
respectively, the sync information portion .containing an identifier representing that signals in the sub pactet are com- 
pression-resultant Signals. . : -. -v;-: ; ■■<> •. -y^---.rv^ 
[0020] A twelfth aspect of .this invention is based on theseventh aspect, thereof, and provides an audio signal 
40 d ecoding apparatus further, comprising means for separating an audio packet from an audio pack, the audio packet con-, 
taining said formatting-resultant signal. - .* , , 
[0021 ] A thirteenth, aspect of this invention provides a transmission medium for transmitting data being in a format 
and being made by a method comprising the steps of compressing multiple-channel digital audio signals into compres- . 
sion-resultant multiplerchannel signals respectively; and formatting the compression-resultant multiple-channei signals 
45 and an identifier into a formatting-resultant signal, the formatting-resultant signal containing a sub packet and a sync 
information portion, the sub packet containing at least portions of the compression-resultant multiple-channel signals, 
the sync information portion containing the identifier, the identifier •representing that signals in the sub packet are com- 
pression-resultant signals, vr ■:-./.' ,-v-v. 1 "A"-.'-*, '-■':.•;■< ■■ !:-V ! -''-.. ■ :«*-. =: 

[0022] A fourteenth aspect of this invention provides a transmission medium for transmitting a formatting-resultant 
so signal containing a sub packet and a sync information portion, the sub packet containing at least portions of compres- 
sion-resultant multiple-channel signals which result from compressing multiplerchannel digital audio signals respec^ 
tively, the sync information portion containing an identifier representing that signals in the sub packet are compression- 
resultant signals.: •. ;■-*■ = . : p V" r-.\ : :? v "'t.-~-\> r<:>: M.-..-I. : .-. ; ;\. ■.,■! , f. ■ ; ». 

[0023] A fifteenth aspect of this invention provides a transmission medium for transmitting a formatting-resultant 
55 signal which is decoded by an audio signal decoding apparatus comprising means for separating the formatting-result- 
ant signal into a sub packet and a sync information portion; means for extracting compression-resultant multiple-chan- 
nel signals from the sub packet; means for extracting an identifier from the sync information portion,. the, identifier 
representing that signals in the sub packet are compression-resultant signals; and means for expanding the extracted 



3 



('".' 



EP1 001 549 A2 



compression-resultant multiple-channel signals into multiple-channel digital audio Signals in response to the extracted * 
identifier, .respectively.. - - ,: ; • " * • ur^rr-v!:: :■!;.•*: ./.*>• 

[0024] A sixteenth aspect of this invention provides a transmission medium for transmitting an audio signal by a 
method comprising the steps of compressing multiple-channel digital audio signals into compression-resultant multiple ■ 

5 channel signals respectively; fbrmatf ngthe <»i^r^jon-resultarrt multipie-chann'ei signals and an 'identifier into, a for- " 7: 
matting-resultant signal, the formatting resultant signal containing a sub packet and a sync information portion, the sub 
packet containing at least portions of the compression-resultant multiple-channel signals, the sync information portion : 
containing the identifier, this identifier representing that signals in the sub packet are compresision-resultarrt signals; and ' 
transmitting the fbrnHtog-resulte^ signai through a cdrhmuniqatioh line." ' r ''' rit y*~ ' yiX. li ^-%-.--w rv -> . - 

10 [0025] A seventeenth aspect of this invention provides a transmission medium for transmitting data being in a for- 
mat and being made by an audio signal encoding apparatus comprising means for compressing multiple-channel digital ; V: 
audio signals into compression-resultant multiple-channel signals respectively, the multiple-channel digital audio sig- 
nals relating to a sampling frequency and a quantization bit number, and means for formatting The compression-result- 
ant multiple-channel signals, a signal representative of the sampling frequency, and a signal representative of the 

75 quantization bit number into a formatting resultant signal, the formatting-resultant signal containing a sub packet and a 
sync information portion, the sub packet containing at least portions of the compression-resultant multiple-channel sig- 
nals, the sync information portion containing the signal representative of the sampling frequency and the signal repre- 
sentative of the quantization bit number ' r ' ■ '•' 1 
[0026] An eighteenth aspect of this invention provides a transmission medium for transmitting a formatting-resultant 

20 signal containing a sub packet and a sync information portion, the sub packet containing at least portions of compres- 
sion-resultant multiple-channel signals which result from compressing multiple-channel digital audio signals respec- 
tively; the sync information portion containing a signai representative of a sampling frequency related to the multiple- 
channel digital audio signals and a signal representative of a quantization bit number related to the multiple-channel 
digital audio signals. v: ; 5 ' r ; yti ' ■'--^ 7 > ^x^v^-; ,v ^i:^-^.?;.-- ■-..t«--! ■=.=; 

25 [0027] A nineteenth aspect of this invention provides a transmission medium for transmitting a for matting-resultant • r ' : ' li - 
signal which is decoded by an audio signal decoding apparatus comprising means for separating a formatting-resultant 
signal into a sub packet and a sync information portion; means for extracting compression-resultant multiple-channel 
signals from the sub packet means for expanding the extracted compression-resultant multiple^hahriel sighals into v 
muftipie-channei digital audio signals respectively; means for extracting a signal representative of. a sampling frequency fi ; ' : 

30 and a signal representative of a quantization bit number from the sync information portion; and means for converting 
the muitipie-charhel digital audio signals into analog audio signals in response to the signal representative of the sam- : 
plmg frequency and the signal representative of the quantization bit number. ; : ! ' " ; ' 

[0028] A twentieth aspect of this invention provides a transmission medium for transmitting ah audio signal by a 
method comprising the steps of cornpressing murtiple-chanri el digital audio signals info compressibn : resuitaht rtiultiple- 

35 channel signals respectively, 5 the multiple-channel digital audio signals' relating to'a sampling frequency and a quarrtiza- 
tion bit number; formatting the compression-resultant multiple-channel signals,' a signal representative i of the sampling 
frequency, and a signal representative of the quantization bit number into a formatting-resultant signal, the formatting- ' ; 
resultant signal containing a sub packet and a sync information portion, the sub packet containing at least portions of : 
the compression-resultant multiple-channel signals, the sync information portion containing the signal representative of 

40 the sampling frequency arid the signal representative of the quantization bit number; and transmitting the formatting- 
resultant signal through a communication line. - • ^ 

[0029] A twenty-first aspect of this invention provides an audio signal encoding apparatus comprising an fs conver- 
sion circuit for equalizing sampling frequencies of first multiple-channel digital audio signals to convert a set of the first 
multiple-channel digital iaudio signals into a set of second multiple-channel digital audio signals; means for compressing 

45 the second muitiple-channei digital audio signals into compression-resultant multiple-channel signals respectively, the ! 
second multiple-channel digital audio signals relating to a sampling frequency and ^ quantization bit number; and 
means for formatting the compression-resultant multiple-channel signals, a signait representative of the sampling fre- . 
quency, and a signai representative of the quantization bit number into a formatting-resultant signal, the formatting- 
resultant signal containing a sub packet and a sync information portion/the sub packet containing at least portions of 

50 the compression-resultant multiple-channel signals, the sync information portion containing the signal representative of 
the sampling frequency and the signal representative of the quantization bit number. 

[0030] A twenty-second aspect of this invention provides ah optical recording medium storing a formatting-resultant : 
signal containing a sub packet and a sync information portion, the sub packet containing at least portions of compres- 
sion-resultant multipie-channei si^nals which result from equalizing sampling frequencies of multiple-channel digital 
55 audio signals and then (impressing the multiple-channel digital audio signals respectively, the sync information portion 
containing a signal representative of a sampling' frequency related to the multiple-channel digital audio signals and a ■ 
signal representative of a quantization bit number related to the multiple-channel digital audio signals. < 
[0031] A twenty-third aspect of this invention provides a method of transmitting an audio signal, comprising the : 
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steps of equalizing sampling frequencies.of first multiple-channel digital audio signals to convert a set.of the first multi- . 
pie-channel digital audio signals into a set of second multiple-channel, digital audio signals;. compressing the . second 
multiple-channefdigital audio signals into compression-resultant multiple-channel signals respectively, the second muK 
tiple-channel. digital audio signals relating to a sampling frequency and a quantization bit number; formatting the.com- 

5 pression-resuitarrt^ multiple-channel signals, a, signal representative of the . sampling frequency, and a . signal 
representative of. the ^ quantization bit qumber into a formatting-resultant signal, the fbrmatting-resuftant signal corrtaih- 
ing a sub packet'and a sync irrformatiqn portion, the.sub packet containing at least portions of the 'iror^re^i'orVr^sult-,' 
ant multiple-channel signals, the sync information portion containing .the signal representative of the .sampling ' 
frequency and the signal representative of the quantization bit number; and. transmitting the fprrnatting-resultEmt signal 

to through a communiciation. line.. \ "'" ,..*.'; ,' "Z., \V */ ,\[ ' ~" J ! " 

[0032] . A twenty-fourth aspect of this invention provides a transmission medium for. transmitting an audio signal by ... 
a method comprising the steps of equalizing sampling frequencies of first multiple-channel digital audio signals, to con- 
vert a set of the first multiple-channel digital audio.: signals into a set of second multiple-channel digital audio signals; 
compressing the second multiple-channel digital audio signals into compression-resultant multiple-channel signals 

is respectively, the second multiple-channel digital audio signals relating to a sampling frequency and a cjuarrt'zatipn bit ., 
number; formatting the compression-resultant multiple-channel signals, a signal represenMrye^ d 
quency, and a signal representative of the .quantization bit number into a formatting-resultant signal, the formatting- 
resultant signal containing a sub packet and a sync information, portion, the sub packet containing at least portions of. . 
the compression-resultant multiple-channel signals, the sync information portion containing the signal representative of . 

20 the sampling frequency and the signal representative of the quantization bit number, and transmitting the.formatting- 
resuftant signal through a communication line. 

BRIEF DESCRIPTION OF THE DRAWINGS , \' n . 



25 [0033] 




Rg. 1 is a block diagram of a system including an audio signal encoding apparatus and an audio signal decoding 
apparatus according : tp a first embodiment of this invention. ,. { .r v : 

Fig. 2is a block diagram of an encoder in Fig. 1. ti _... : ..;. r . { i^'..-/ ..•<■■■■«- u--L r<- 

30 Rg. 3 is a block diagram of a prediction circuit in Fig. 2. 

Rg. 4 is a diagram of a structure of an audio pack , 

Rg. 5 is a diagram of the structure of the audio pack. 

Fig. 6 is a diagram of a structure of an audio packet in Fig. 5 

Rg. 7 is a block diagram of a decoder in Fig. 1... , . . :v . 

35 Fig. 8 js a time-domain diagram of the amount of data in an input buffer, a SCR signal, and a DTS signal. , . 
Rg. 9 is a. time-domain diagram .of. a PTS signal. • • 

Fig. 10 is a time-domain diagram of a sequence of access units and a sequence of presentation unrts. ; 

Fig. 11 is a block diagram of.a system according to asecond embodiment of this invention. .. 

Fig. 12 is a flowchart of a segment of a control program for a packeting processor in Rg. 11. ...... . 

40 Rg. 1 3 is a flowchart of a segment of a control program for a de-packeting processor in Rg. 1 1 . 

Fig. 14 is a block diagram of a system including an audio signal encoding apparatus and an audio signal decoding 
apparatus according to a fourth embodiment of this invention." 

Fig. 15 is a block diagram of an audio signal encoding apparatus in a system according to a fifth embodiment of 
this invention. 

45 Rg. 16 is a block diagram of an audio signal decoding apparatus in the system .according to the. fifth embodiment, 
of this invention, .j ';—.v.; : 5 y-,;:t*- --v. :=■-:•- -Vyv- 

Rg. 17 is a block diagram of a system including an audio signal encoding apparatus and an audio signal decoding 
apparatus according to a sixth embodiment of this invention. -., 

Rg. 18 is a diagram of a structure of an audio pac^ used in a seventh emb^ : i: 

DESCRIPTION OF THE PREFERRED EMBODIMENTS 

First Embodiment ■ < \s- ;;-v.. :"■ t::,:\- y: ■:,■;:•} .-;v"i -.vi }::X?.r r :>: ■:. i: ; ■:;./;■•" 

55 [0034] . With, reference to Fig. 1 , an audio signal encoding apparatus 100 includes a mix and matrix circuit 1 10 and 
an encoder 120. The mix and matrix circuit 1 10 is followed by the encoder. 120. An audio signal decoding apparatus 
200 includes a decoder : 1 30 and a mix and matrix circuit 1 40. The decoder 1 30 is.followed by the mix.and matrix circuit 
140. The audio signal encoding apparatus 100 and the audio signal decoding apparatus 200 are connected via a trans- 
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mission line 250. the transmission line 250 includes a communication line or a communication network! Alternatively, ' 
the transmission line 250 may include a combination of a recording unit, a recording medium, and a reprodudng unit. : 
For example, the recording medium is a DVD-audio; another optical disc.' or a magnetic clisc." 1 ' J >< ri ' :i • ' 

[0035] The audio signal encoding apparatus 100 receives 6-channel inputdigital audio signals, that is, a left-front " 

5 digital audio signal Lf, ,.a righMront digital audio signal ,Rf, a center digital .audio signal C, a Ieft-si^und' ; cfigita1 'audio ' 
signal Ls, a nght-surrdund digital audio signal Rsj and a low-fre^ency-effect digital audio signal Ue. the left-front dig- ' :> " 
ital audio signal Lf results from quantization of a left-front analog audio signal at a predetermined sampling frequency 
fs and a predetermined quantization bit number Qb The predetermined sampling frequency fs is equal to, for example, ! 
96 kHz or 192 kHz. the predetermined quantization bit number Qb is equal to, for example, '20 or 24:' Similarly, each of ' 

10 the right-front digital audio signal Rf, the center digital audio signal C, the left-surround digital audio signal Ls, the right- j r 
surround digital audio signal Rs, and th e low-frequency-effect digital audio signal Lie results from quantization of a cor- - ' : 
responding analog audio signal at the predetermined sampling frequency and the predetermined quantization bit 
number. The audio signal encoding apparatus 100 encodes the 6-channel input digital audio signals into a bit stream 
which is an encoding-resultant digital audio signal The audio signal encoding apparatus 100 outputs the encoding- 

75 resultant digital audio signal to the i transmission line 250 • 1 1 

[0036] The encoding-resultant digital audio signal is propagated to the audio signal decoding! apparatus 200 via the 
transmission line 250. In the case where the transmission line 250 includes the combination of the recording unit, the 
recording medium 0 and the reproducing unit, the encodingnresultant digital audio signal is recorded on the recording 
medium via the recording unit while the encoding-resultant digital audio signal is read but from the recording medium : 

20 via the reproducing unit. The audio signal decoding apparatus 200 decodes the ehcoding-resultarit digital audio signal 

into the original 6-channel digital audio signals, that is, the original left-front digital audio signal Lf. 'the original right-front ' 
digital audio signal Rf, the original center digital audio signal C, the original left-surround digital audio signal Ls, the orig- 
inal right-surround digital audio signal Rs, and the original low-frequehcy-effect digital audio signal Ue; In other words, • ' 
the audio signal decoding apparatus 200 recovers the 6-channei original digital audio signals (the 6-channel input dig- 

25 itaJ audio signals). The audio signal decoding apparatus 200 outputs the 6-channel recovered digital audio signals to 
an external apparatus. 

[0037] the mix and matrix circuit 1 10 in the audio signal encoding apparatus 1 00 receives the 6-channel input dig- 
ital audio signals, that is, the left-front digital audio signal Lf, the right-front digital audio signal Rf, the center digital audio : - 
signal C, the left-surround digital audio signal Ls, the right-surround digital audio signal Rs.and the low-frequency-effect 

30 digital audio signal Lfe. The mix and matrix circuit 1 1 0 includes an adder which adds the left-front digital audio signal Lf 
and the right-front digital audio signal Rf into a first calculation-result signal S1 . The first calculation-result signal S1 is 
given by the relation as n S1=Lf+Rf The first calculation-result signal is also denoted by Li+Rf. The first calculation- 
result signal S1 is a PCM signal. The mix and matrix circuit 1 10 includes a' subtracter which subtracts the right-front dig- . 
ital audio signal Rf from the left-front digital audio signal Lf to generate a second calculation-result signal S2. The sec- v 

35 ond calculation-result signal S2 is given by the relation as "S2=Lf--Rf ". The second calculation-result signal is also 
denoted by Lf — Rf. The second calculation-result signal S2 is a PCM signal. The mix and matrix circuit 110 includes a . 
combination of an adder, a i/2 divider; and a" subtracter which processes the center digital audio signaPC, the left-sur- 
round digital audio signal Ls, and the rig ht-surrburid digital audio signal Rs into a third calculation-result signal S3. The , 
third calculation-result signal S3 is given by the relation as * " 5 c: 1 ^ ; ■ ■■■:<■>■■[■: ■;; 

45 The third calculation-result signal is also denoted by C— - (Ls+Rs)/2 . The third calculation-result signal S3 is a PCM sig- 
nal. The mix and matrix circuit 1 10 includes an adder which adds the left-surround digital audio signal Ls and the right- - 
surround digital audio signal Rs into a fourth calculation-result signal S4. The fourth calculation-result signal S4 is given 
by the relation as "S4=Ls+Rs The fourth calculation-result signal is also denoted by Ls+Rs. The fourth calculation- 
result signal S4 is a PCM signal. The mix and matrix circuit 11 0 includes a subtracter which subtracts the right-surround 

so digital audio signal Rs from the left-surround digital audio signal Ls to generate a fifth calculation-result signal S5. The 
fifth calculation-result signal S5 is given by the relation as "S5=Ls — Rs ". The fifth calculation-result signal S5 is also 
denoted by Ls — Rs. The fifth calculation-result signal S5 is a PCM signal. The mix and matrix circuit 110 includes a 
combination of a multiplier and a subtracter which processes the center digital audio signal C and the low-frequency- 
effect digital audio signal Lfe into a sixth calculation-result signal S6. The sixth calculation-result signal S6 is given by 

55 the relation as n S6=Lfe— axC " where V denotes a product operator or a multiplication operator, and "a" denotes a 
fixed or variable coefficient in the range between 0 and 1. The sixth calculation-result signal is also denoted by 
Lfe — axC . The sixth' calculation-result signal S6 is a PCM signal. A signal representative of the coefficient "a" is 
applied to the mix and matrix circuit 110 from an external. . ; . . . . , . . .. v 
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[0038] In the case.where 6-channel input digital audio signals are different in sampling frequency and quantization 
bit number, an up-sampling device (not shown) precedes the mix and matrix circuit 1 10. Jhe up^sampling device proc- 
esses digital audio signals among the 6-channe! input digital audio signals which relate to a lower sampling frequency 
and a lower quantization bit number. Specifically, the up-sampling device converts such digital audio signals into'cdrre:, 
s spending digital audio.signals which are. equal in sampling frequency and quantization bit number to the other digital 
audio signals among the 6-channel input digital.audib signals. Accordingly,, the 6 : channel digital audio signals which, 
result from the processing .by.the up-sampling device are ^qual.to each other in sampling frequency and quantization 
bit number. The processing-resultant 6rchannel digital audio signals are fed to the mix and matrix circuit 110 as 6-chan- 
nel input digital, aucfio signals^ ..." i> ,':y ! ,. h;! " i , , -r- .. , y ... .. /. . . .. . fi-v-V. - ■. V V 

w [0039] Jn the audio signal encoding apparatus 100, the mix and matrix circuit 110 outputs the first second, third, 
fourth, fifth, and sixth calculation-result signals S1 ? S2, S3, S4, S5, and S6 to the.encoder 120. The.device 120 encodes .. 
the calculation-result signals S1-S6. into a, bit stream which is an enepding-resujtant digital au^ encoder 
1 20 outputs the encoding-resultant digital audio signal to the transmission line 250 . ... , 

[0040] As shown in Fig 2, the encoder, 120 includes a buffer (a memory) 10. A sequence of samples of each of the 

15 calculation-result signals SI, S2 f S3, S4, S5, and S6.is applied to the buffer 10. The calculation-result signals S1-S6 
are stored into the buffer 1 0 frame by frame. Every frame is composed of a. predetermined number of successive sam- . 
pies- Samples of the calculation-result signal S1 , that is, the calculation-result signal Lf+Rf, are sequentially transmitted : 
from the buffer 10 to a prediction circuit 1 3D! Samples of the calcuiatioriTresult signal S2, that is, the calculation-result 
signal Lf— Ri are sequentially transmitted from the buffer 10 to a prediction circuit 13D2 Samples of the calculation- 

20 result signal S3, that is, the .calculations-result signal C— (Ls+Rs)/2 , are sequentially transmitted from th^ buffer 1 0 to a 
prediction circuit 13D3. Samples of the calculation-result signal S4, that is, th e calculation-resu jt . signal Ls+Rs, are 
sequentially transmitted from the buffer 10 to a prediction circuit 1304. Samples of. the calculatiqnrresult signal S5, that 
is, the calculation-result signal Lsr-Rs, are sequent ally transmitted from the buffer .10 to a prediction circuit 13D5. Sam- { 
pies of the calculation-result signal S6 ; that is, the calculation-result signal Lfe^axC , are sequentially transmitted from 

25 the buffer 1 0 to a prediction circuit 1 3D6. For every frame, the first samples of the respective calculation-result signals 
S1 -S6 are transmitted from the buffer 1 0 to a formatting qrcuit 19 . 

[0041] The prediction circuits 1 3D 1-1 3 D6 are simi lar to each other; Accordingly, only the prediction circuit 13D1 will . 
be explained in detail hereinafter. As shown iri Fig. 3, the prediction circuit 1 3D 1 includes predictors 1 3a-!. 1 3a-2, • r 
and 1 3a-n, and subtracters -1.3fcM , 1 3b-2, v • ? • , and 1 3b-n, where "n" denotes a predetermined natural number equal 

30 to or greater than 2. The predictors 13a- 1 , 13a-2, • • • , and 13a-n receive every sample of the calculation-result signal . 
S1 (that is, the calculation-result signal Lf+Rf) from the buffer 10. Also, the subtracters 13J>! 13b-2, •.• • , and 13b-n 
receive every sample of the calculation-result signal SLfrom the buffer 10 The predictors 13a-! 13a-2, • • • , and 13ar 
n have different prediction characteristics respectively. Specifically, the predictors 13&-.1, 13a-2, • and 13a^i are 
different from each other in prediction coefficients. Each of the predictors 13a-1, 13a^2, •■• % and .13a-n predicts a cur- 

35 rent sample of the calculation-result signal Sl from preceding samples thereof, in response to the related prediction 
coefficients. Thus, the predictors 13a-1 , ,13a-2, •,, apd 13a-n generate predictionrresult signal^ for the calculation- 
result signal S1 (that is, the calculation-result signal Lf+Rf) in response to the prediction coefficients, respectively. The 
predictors 1 3a- 1 , 13a-2, • • • , and 1 3a-n output the prediction-resiJlt signals to the subtracters 13b-1 , 13b-2, - ,- « , and 
13b-n respectively. For every sample, each of the subtracters 13b-1, ;13b-2, - • : - , and 13b-n subtracts the relatecj prs- 

40 diction-result signal from the calculation-result signal SI, and hence generates a, signal representing the. prediction : 
error between the prediction-result signal and the calculation-result signal S! The subtracter 13b- 1, 13b-2 ): r • •. , $nd 
13b-n output the respective prediction-error signals to a buffer and selector .14D!. .. 

[0042] .The prediction-error signals, that is, the output signals of the.su btracters,13b-1, 13b-2, ; -••..and 13b-n,are 
temporarily stored in a memory within the buffer and selector 14D! A selection signal/DTS (decoding time stamp) gen r . 

45 erator 17 produces a first selection signal. The selection signal/DTS generator 17 outputs the first selection signal to 
the buffer and selector 14D! The first selection ; signal is designed to select the smallest one from among the prediction- 
error signals in the.memory of the buffer and selector, 14Dt as. an output signal, of an optimum subtracter (an optimum , 
predictor) for every subrframe. . Specifically, for every sub-frame, the selection signal/DT§ generator, J7 searches the 
memory within the buffer and selector 14D1 for the smallest prediction-error signal. In more detail, for every sub-frame, 

so the sums of the values represented by samples of the respective prediction-error signals ^recalculated. The calculated 
sums are compared to determine the smallest one which corresponds to the : smallest prediction-error signal to be 
selected. The selection signal/DTS generator 1 7 enables the buffer and selector 1 4D1 io output the smallest prediction- 
error signal from the memory to a packing circuit 1 8 as the selected (Lf+Rf)-related prediction-error signal for every sufch 
frame. ■•, j=j;:-.v ---- •- v^- : :\\:: -o" •-•^ ■■ =; ■: «■••■.- --v - ;: V7': y 

55 [0043] Every sub-frame is composed of a predetermined number of successive samples. Several tens of succes- 
sive sub-frames compose one frame. For example, 80 successive sub-frames compose one frame. 
[0044] The prediction circuit 13D2 generates different prediction-error signals with respect to the calculation-result 
signal S2, that is, the calculation-result signal Lf— Rf. The prediction circuit 13D2 outputs the prediction-error signals to 
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a buffer and selector 14D2. the prediction-error signals are temporarily stored in a memory within the buffer and selec- 
tor 14D2. Jlie selection sighal/DTS generator 17 produces a second selection signaL The selection signal/DTS gener-' 
ator 1 7 outputs the second selection signal to the buffer and selector T4D2; the second selection signal is designed to 
select the smallest one from among the prediction-error signals in the memory of the buffer and selector 14D2 as an 

5 output signal of an optimum subtracter (an optimum predictor) for every sub-framed SjDecrficaHy/fdr every sub-frame, the' : 
selection signal/DTS generator i 7 searches the memory within the buffer and selector 1 4D2 for the smallest predictibn- 
error signal: In more detail, for every sub-frame, the sums of the values represented by samples of the respective pre- 
diction-error signals are calculated. The calculated sums are compared to determine the smallest tine which corre- 
spends to the smallest prediction-error signal to be selected. The selection signal/DTS generator 1 7ensible£the blrffer : 

10 and selector 14D2 to output the smallest prediction-error signal from the memory to the packing -circuit 18 as the 
selected (Lf— Rf) -related prediction-error signal for every sub-framel :•'."<:•':: .vy^U.-.:^: feir j-j 

[0045] The prediction circuit 13D3 generates different prediction-error signals with respect to the calculation-result 
signal S3, that is 0 the calculation-result signal C— (Ls+Rs)/2 The prediction circuit 13D3 outputs the prediction-error 
signals to a buffer and selector 14D3 The prediction-error signals are temporally stored in a memory within the buffer 

75 and selector 1 4D3 The selection signal/DTS generator 1 7 produces a third selection signal The selection signal/DTS 
generator 17 outputs the third selection signal to the buffer and selector 14D3 The third selection signal is designed to 
select the smallest one from among the prediction-error signals in the memory of the buffer and selector 14D3 as an 
output signal of an optimum subtracter (an optimum predictor) for every sub-frame. Specifically, for every sub-frame the 
selection signal/DTS generator 1 7 searches the memory within the buffer and selector 14D3 for the smallest prediction- 

20 error signal In more detail for every sub-frame, the sums of the values represented by samples of the respective pre- 
diction-error signals are calculated The calculated sums are compared to determine the smallest one which corre- 
sponds to the smallest prediction-error signal to be selected The selection signal/DTS generator 1 7 enables the buffer 
and selector 14D3 to output the smallest prediction-error signal from the memory to the packing circuit 18 as the 
selected ( C^Ls+Rsj/2 )-related prediction-error signal for every sub-frame. y'* - J - H-' s - f 

25 [0046] The prediction circuit 1 3D4 generates different predictioh-ef rbr signals with respect to the calculation-result 
signal S4, that is, the calculation-result signal Ls+Rs. The prediction circuit i 3D4 outputs th£ prediction-error signals to 
a buffer and selector 14D4 the prediction-error signals; are temporanly stored in a memory within the buffer and selec- 
tor 14D4. The selection signal/DT? generator 17 product a fourth selection signal. The selection signal/DTS genera- 
tor 17 outputs the fourth selection signal to the buffer and selector 14D4. The fourth selection signal is designed to 

30 select the smaJlest one from among the prediction-error signals in the memory of the buffer and selector 1 4D4 as an 
output signal of an optimum subtracter (an optimum predictor) for every sub-frame Specifically, for every sub-frame, the 
selection signal/DTS generator 1 7 searches the memory within the buffer and selector 14D4 for the smallest prediction- 
error signal. In more detail, for every sub-frame, the sums of the values represented by samples of the respective pre- 
diction-error signals are calculated. The calculated sums are compared to determine the smallest one which corre- 

35 sponds to the smallest prediction error signal to be selected The selection signal/DTS generator 1 7 enables the buffer 
and selector 14D4 to output the smallest predictiori-errdr signal from memory to the packing circuit 18 as the 
selected (Ls+Rs) -related prediction-error signal for every sub-frame. 

[0047] The prediction circuit 13D5 generates different prediction-error signals with respect to the calculation-result 
signal S5, that is, the calcuiatiori-result signal Ls— Rs. the prediction circuit 13D5 outputs the prediction-error signals 

40 to a buffer and selector 14D5. The precflction^error signals are temporarily stored in a memory within the buffer and 
selector 14D5. The selection signal/DTS generator 17 produces a fifth selection signaL The selection sigrial/DTS gen- 
erator 1 7 outputs the fifth selection signal to the buffer and selector 14D5. The fifth selection signal is designed to select 
the smallest one from among the prediction-ei'ror signals in the membry of the buffer and selector 14D5 as an output 
signal of an optimum subtracter (an optimum predictor) for every sub-frame. Specifically, for every sub-frame, the selec- 

45 tion signal/DTS generator 17 searches the memory within the buffer and selector 14D5 for the smallest prediction-error > 
signal. In more detail, for every sub-frame; the sums of the values represented by samples of the respective prediction- 
error sigriais are calculated/ The calculated sums are compared to determine the smallest one Which corresponds to 
the smallest prediction-error signal to be selected: The selection signal/DTS generator 17 Enables the buffer and selec- 
tor 14D5 to output the smallest prediction-error signal from the memory to the packing circuit 18 as the selected 

so (Ls — Rs)-related prediction error signal for every sub-frame. 

[0048] The prediction circuit 1 3D6 generates different prediction-error signals with respect to the calculation-result 
signal S6, that is, the calcufction-result signal Lfe~-axC . The prediction circuit 13D6 outputs the prediction-error sig- 
nals to a buffer and selector 1 4D6. The prediction-error signals are temporarily stored in a memory within the buffer and 
selector 14D6. The selection signal/DTS generator 1 7 produces a sixth selection signal. The selection signal/DTS gen- 

55 erator 17 outputs the sixth selection signal to the buffer and selector 14D6. The sixth selection signal is designed to 
select the smallest one from among the prediction-error signals in the memory of the buffer and selector 14D6 as an 
output signal of an optimum subtracter (an optimum predictor) for every sub-frame. Specifically, for every sub-frame, the 
selection signal/DTS generator 1 7 searches the memory within the buffer and selector 14D6 for the smallest prediction- 
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error signal. In more detail, for every sub-frame, the sums of the values represented by samples of the respective pre- 
diction-error signals are calculated. The calculated sums are compared to determine the. smallest one which corre- 
sponds to the smallest prediction-error signal to be seiected. The selection signal/bTS,generator ,17 enables the buffer, 
and selector 14D6 ; to. output the smallest predictjon?error signal from the memory to the packing i circuit 18 a? the 

5 selected ( Lie— axC j-related prediction-error signal for every sub-frame. !j" ', /.^ V ..,//«^V.:- 

[0049] The selection signal/DTS. generator 1 7 produce a first flag representing the maximum number among the 
numbers of effective bits in.respective samples, of the selected (Lf+Rf)-related prediction-error signal .which { compose s 
one sub-frame, Forevery subrframeLthe selection signal/DTS. generator ,17 outputs the,.first flag to the packing circuit 
18 and the formatting circuit 19 as an (Lf+Rf>related bit-number flag . ,', , , , ( .. 

w [0050] The selection signal/DTS generator 1 7 produces a second flag reprinting .the maximum number aim'ong , 
the numbers of effective bits in re^ectiye samples of the seiected (Lf7-Rf)-related prediction-error signal wrnck porn- 
pose one sub^rame. For every sub-frame, the selection signal/DTS generator.17, outputs the secpnd.flag to the packing . 
circuit 18 and the formatting circuit 19 as an (Lf— -Rf)-related bit-number flag . , t:; 

[0051] The selection signal/DTS generator 17 produces a third flag representing the maximum number among the 
15 numbers of effective bits in respective samples of the selected (C^Ls+Rs)/2)-r elated prediction-errpr signal which 
compose one sub-frame. For every sub-frame, the selection sigpal/DTS generator 1 7 outputs the third flag to the pack- 
ing circuit 18 and the formatting circuit 19 as an (C^{Ls+Rs)/2)-related bit-number flag, 

[0052] The selection signal/DTS generator 1 7 produces a fourth flag representing the maximum number among the , 
numbers of effective bits in respective samples of the selected (Ls+Rs)-related prediction-error signal which compose 
20 one sub-frame. For every sub-frame, the selection signal/DTS generator 1 7 outputs the fourth f Jag to the packing circuit 

18 and the formatting circuit 19 as an (I^Rs)-related bit-number flag.,. , •, 

[0053] The selection signal/DTS generator 1 7 produces a fifth flag representing the maximum number among the 
numbers of effective bits in respective samples of the. selected (Ls-T-RsJ-related prediction-error signal which compose 
one sub-frame For every sub-frame, the selection signal/DTS generator 17 outputs the fifth flag to the packing circuit 

25 1 8 and the formatting circuit 19 as an (Ls-Rs)-related bit-number flag. 

[0054] The selection signal/DTS generator 17 produces a sixth flag representing i the m^imum number among the 
numbers of effective bits in respective samples of the selected ( Lie— axC )-relaied predjction-error signal which com- . 
pose'one sub-frame. For every sub-frame, the selection signal/DTS generator 17 outputs the sixth flag to the packing 
circuit 18 and. the formatting circuit 19 as an (Lfe-^axC)-related bitrnumber flag. ,^ v : - . . 

30 [0055] For every sub-fram e, the selection signal/DTS generator 1 7 produces a seventh flag representing the opti- 
mal predictor among the predictors 13a-1, 13a-2,, • • V, and 13a-n iri the prediction cirpuit 13D1, th^tis, the predictor 
causing the selected (Lf+Rf)-related prediction-error signal The selection signal/DTS generator 17 outputs the seventh 
flag to the formatting circuit 1 9 as an (Lf+Rf)-related predictor-selection flag. .... , 

[0056] For every sub-frame, the. selection signal/DTS generator 17 produces an eighth flag representing the opti- : 
35 mal predictor among the predictors in : the prediction circuit 13D2, that is, the. predictor .causing the selected (Lf^Rf)- 
related prediction-error signal. The selection. signal/DTS generator ,17 outputs the eighth flag to the formatting circuit 19 
as an (Lf— Rf)-related predictor-selection flag. 

[0057] For every sub-frame, the selection ; signal/DTS generator 17 produces* ninth fiag representing the optimal 
predictor among the predictors in the. prediction, circuit ,1303, that is,, the predictor causing the selected 
40 (c — (Ls+Rs)/2 )-related prediction-error signal. The selection signal/DTS generator 17 outputs the ninth flag to the for- 
matting circuit 19 as an (C— (Ls+Rs)/2)-related predictorrselection f lag. :; .,,v^ , : 

[0058] For every sub-frame, the selection signal/DTS generator 1 7 produces a tenth flag representing the optimal 
predictor among the predictors in the prediction circuit 13D4, that is, the predictor causing the seiected. (Ls+Rs)-reIated 
prediction-error signal. The selection signal/DTS generator 17 outputs ^e. tenth ffeg tp the formatting circuit 19 as an. 

45 (LsfRs)-related predictor-selection flag.- •*•:■..-<.•/■ •= : ,. ; : ;t 

[0059] > For every sub-frame, the selection signal/DJS generator .1 7 produces an eleventh flag representing the opti- 
mal predictor among the predictors in the prediction circuit 13D5, that is, the predictor causing the selepted (Lsr-rRsj:,, 
related prediction^error signal. The selection signal/DTS generator 17outputs the eleyenth flag to the formatting circuit 
19 as an (Ls— Rs)-related predictor-selection flag. /= : . -. ,- n ..-.».; 

so [0060] ■-. For every sub-frame, the selection signal/DTS generator 1 7 produces a twelfth flag representing the optimal 
predictor among the predictors in the prediction circuit 13D6, that is, the predictor causing the selected (Lie— axC)- 
related prediction-error signal. The selection signal/DTS generator 17 outputs the twejfth flag to the formatting circuit 

19 as an (Lfe--axC)-related predictor-selection flag. . . : i ?■ • v . - 
[0061 ] For every sub-frame, the packing circuit 1 8 packs each of samples of the selected (Lf+Rf>related prediction- 

55 error signal into bits, the number of which is equal to the maximum bit number represented by the (U+Rf)-related bit- 
number flag. Thus, the packing circuit 18 implements compression of the selected (Lf+Rf)-related prediction-error sig- 
nal. The packing circuit 18 outputs every packing-resultant sample of the selected (Lf+Rf)-related prediction-error signal 
to the formatting circuit 19. ' ■ " ! v* : 
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[0062] ' For every sub-frame, the packing circuit' 18 packs each of samples of the selected (Li— Rf)-re!ated predic- 
tion-error signal into bits, the number of which is equal to the maximum bit number represented by the (Lf — Rf)-reiated 
bit-number flag, thus, the pacing circuit 18 implements compression'of the selected (Lf— Rf)-rela1ed prediction-error 
signal. The packing circuit 18 outputs every packing-resultant sample of the selected (Lf+Rf) -related prediction-error ' 

5 signal to the formatting circuit 19. : : "'• : :: x " : * ' - •' •* - 

[0063] For every subhframe; the packing circuit 1 8 packs each of samples of the selected ( C--{Ls+Rs)/2 ^related 
prediction-error signal into bits, the number of which is equal to the maximum bit number represented by the 
(C— (Ls+Rs)/2)-related bit-number flag. Thus, the packing circuit 18 inplements compression of the selected 
(C — (Ls+Rs)/2 )-related prediction-error signal. The packing circuit 18 outputs every packiri^-resulterrt sample of the 1 

w selected (C — (Ls+Rs)/2 )-re!ated prediction-error signal to the formatting circuit 19. 

[0064] For every sub^frame, the packing circuit 18 packs 'each of samples of the selected (Ls+Rs) -related predic- 
tion-error signal into bits, the number of which is equal to the maximum. bit number represented by the (Ls+Rsj -related 
bit-number flag. Thus, the packing circuit 18 implements ^compression of the selected (Ls+Ss)-related prediction-error 
signal. The packing circuit 18 outputs every packing-resultant sample of the selected (Ls+Rs)-related prediction-error 

15 signal to the formatting circuit 19 5 1 -' .. . : « 

[0065] For every sub-frame, the packing circuit 1 8 packs each of samples of the selected (Ls— Fts)-re!ated predic- 
tion-error signal into bits, the number of which is equal to the maximum bit number represented by the (Ls— Rs) -related 
bit-number flag. Thus, the packing circuit 18 implements compression of the selected (Ls— Rs)-related prediction-error 
signal. The packing circuit 18 outputs every packing-resultant sample of the selected (Ls— Rs)-related prediction-error 

20 signal to the formatting circuit 19 8 ■ f - 

[0066] For every sub-frame, the packing circuit 1 8 packs each of samples of the selected (Lfe— axC ^related pre- " 
diction-error signal into bits, the number of which is equal to the maximum bit number represented by the (Lfe— axC )- 
related bit-number flag Thus, the packing circuit 18 implements compression of the selected (Lfe— ax C) related pre- 
diction-eirbr signal. The packing circuit 18 outputs every packing-fesuitant sample of the selected (Lfe— -axC) related 

25 prediction-error signal to the formatting circuit 19. 

[0067] A signal generator 20 periodically produces a signal representing a frame header The signal generator 20 
outputs the frame-header signal to the formatting circuit 19: A signal representing the coefficient "a" is applied to the 
formatting circuit 19 from an external. ' ::[{: - '•'■"-'■■^ J ^- : \^-^- -K- • 

[0068] The formatting circuit 19 includes a multiplexer and a DVD-audio encoder.The rhultiplexer is followed by the 

30 DVD-audio encoder.' The multiplexer provides operation of the formatting circuit 19 which will be indicated below. 

[0069] the formatting circuit 19 receives the frame-header signal from the signal generator 20 for every frame! The 
formatting circuit 19 receives the first sample of the calculation-result signal Lf+Rf and the first sample of the calcula- 
tion-result signal Lf — Rf from the buffer 10 for every frame. The formatting circuit 19 receives the (Lf+Rf)-related predic- 
tor-selection flag and the (Lf—Rf) -related predictor-selection flag from the selection sighal/DTS generator 17 for every 

35 sub-frame. The formatting circuit 19 receives the (Lf+Rf) related bit number flag and the (Lf— Rf)-reiated bit-number 
flag from the selection sigrial/bts generator 17 for every sub-frame! The formatting circuit 19 receives every packing- . 
resultant sample of the selected (Lf+Rf)-related prediction-error signal and every packin^esultant sample of the 
selected (Lf— Rt)-related prediction-error signal from the packing circuit 18. The formatting circuit 19 multiplexes the 
received signals and flags into a first sub bit stream BS0 oh a time sharing basis. The first sub bit stream BSD repre- 

40 sents a sequence of variable^bit-humber frames! " *'•'••"•*' — ] ::;: -' :: . v ■"- "< 

[0070] Every frame of the first sub bit stream BS0 is designed as follows. A starting portion of the frame is occupied 
by the frame header. The frame header is successively followed by the first sample of the ; calculation-result signal Lf+Rf, 
the first sarhpie bf the calculation-result signal Lf-^-Rf, a set of the (Lf+Rf)-related predictor-selection flags, a set of the 
(Lf— Rf)-related predictor-selection flags, a set of the (Lf+Rf)-related bit-number flags, and a set of the (Lf-^RfJ-related 

45 bit-number flags. A set of the (Lf — Rf)-related bit-number flags is successively followed by a 1 -frame-corresponding set 
of the packing-resultant samples of the selected (Lf+Rf)-related prediction-error signal/and a 1 -frame-corresponding 
set of the packing-resultant samples of the selected (Lf-^f)-related predictioh-errbr signal. Since plural sub-frames 
compose one frame arid the number of bits of every packing-resultant sample varies from sub-frame to sub-frame, a 1 - 
frame-corresponding set of the packing-resultant samples of the selected (Lf+Rf)-reiated predictiorherror signal has a 

so variable bit number. Also, a 1 -frame-corresponding set of the packing-resultant samples of the selected (Lf— Rf)-related 
prediction-error signal has a variable bit number ' 1 " 1 • : 

[0071] The formatting circuit 19 receives the signal representing the coefficieht "a". The formatting circuit 19 
receives the frame-header signal from the signal generator 20 for every frame. The formatting circuit 19 receives the 
first sample of the calculation-result signal C— (Ls+Rs)/2 , the first sample of the calculation -result signal Ls+Rs, the 
55 first sample of the calculation-result signal Ls— Rs, and the first sample of the calculation-result signal Lfe— axC from 
the buffer 10 for every frame. The formatting circuit 19 receives the (C-^{Ls+Rs)V2 )-related predictor-selection flag, the 
(Ls+Rs)-reIated predictor-selection flag, the (Ls— Rs)-related predictor-selection flag, and the (Lfe— axC )-reiated pre- 
dictor-selection flag from the selection signal/DTS generator 1 7 for every sub-frame. The formatting circuit 1 9 receives 
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the (C — (Ls+ Rs)/2 )-related bit-number .flag, the (Ls+Rs)-related bit-number flag, the (Ls— Rs)-related bit-number flag, 
and the (Lfe^-axC )-reiated bitrnumber flag from the selection signal/DTS generator 17 for .every .subrframe. The for- 
matting circuit 19 receives every packing-resultant sample of the selected (C— (Ls+Rs)/2 )-related prediction^rror sig- 
nal, every packing-resultant sample of the selected (Ls+Rs)-related prediction-error, signal, every packing-resultant 

s sample of the selected (Ls— Rs)-related. prediction-error signal, and every packing-resultant sample . of the selected 
( Lfe — axC )-related .pr ediction-errpr signal from the packing tircuit, 18. The formatting circuit 19 multiplexes the 
received signals and flags into a second sub bit stream BS1 on a time sharing basis. The second sub bit stream BS1 . 
represents a sequence of y^^e+it-numl?er. fames. * . ^ V.. . " . .. . ] ""[, 

[0072] . Every frame of .the second sub bit stream BS1 is designed as follows. A staff ing portion of the frame is occu- 

10 pied by the frame header. The frarpe .header js successively followed by the. signal of the coefficient "a", the first sample 
of the calculation-result signal C-^Ls+Rs)^, the first sample of the calculation : result signal Ls+Rs, the first sample of . 
the calculation-result signal Ls— Rs, . the first ; sample of the calculationrresult signal Lfe— axC.a set of the 
(C — (Ls+Rs)/2)-related predictor-selection flags, a set of the (Ls+Rs)-related predictor-selection flags, a set of the 
(Ls — Rs)-related predictor-selection flags, a set of the (Lie— axC). -related predictor-selection flags,, a. set of the 

75 ( C — (Ls+Rs)/2 >related bit-number flags, a set of the. (Ls+Rs)-related bit-number flags, a set of the (Ls— Rsj-related 
bit-number flags, and : a set of. the (Lfe^xC)-related bitrnurnber flags. A set of the (Lfe-^xC)-related bit-number 
flags is successively followed by a 1 -frame-corresponding set of the packing-resultant samples of the. selected 
(C — (Ls+Rs)/2)-reIated prediction-error signal, a 1 -frame-corresponding set of the packing-resujtani samples of .the 
selected (Ls+RsJ^related prediction-eiror. signal, a 1 -fr^me-corresponding set of the packing- resultant samples of the 

20 selected (Ls— Rs)-related prediction-error : signal, and a 1 -frame-corresponding set of the packing-resultant samples of 
the selected. (Lfe^xC)-f elated Since plural sub-frames compose one frame and the number 

of bits of everypacking-resultant sample varies from sub-frame to sub-frame, a 1 -frame-correspondjng set of the pack- 
ing-resultant samples of the selected (C—{Ls+Rs)/2 )-related prediction-error signal has a variable bit number. Also, a 
1 -frame-corresponding set of the packing-resultant sampiesof the selected (Ls+Rs)^related prediction-jerror signal has 

25 a variable bit number. Jn addition, a : 1 -frame-corresponding set of 4he packing-resultant samples of the selected 
(Ls — Rs)-related prediction-error ;Signai has a variable bit number. Furthermore, a ; 1 -frame^corresponding set ofthe 
packing-resultant samples of { the selected (Lfe-rraxC )-related prediction-error signal, has a yariable ; bit number." _ . 
[0073] A signal representing the predetermined sampling frequency fs is applied to the formatting circuit 1 9;from an 
external. A signal representing the predetermined quantization bit number Qb is applied to the formatting circuit i 9 from 

30 an external. • • .- r - ".- . ••. :V . ......... 

[0074] The selection signal/DTS generator 1 7 produces a decoding time stamp (a DTS) in. response to, for exam- 
ple, the previouslyrmentioned. bit-number flags. The DTS denotes every desired timing at ..which segments J; of data 
streams should be read out from an input buffer in a decoder side. The selection signal/DTS getierator 1 7 informs the 
formatting circuit 19 of the .DTS. v .-- ■ . »... ;? , v : : -• . t .\ 

35 [0075] A PTS generator ; 17A produces a presentation time stamp (a PJS). The PTS denotes every desired timing 
at which audio data should be read out from an output buffer in a decoder side. The RTS generator 17A informs the 
formatting circuit 19 of the PTS. r u ?v; ?Ji «m •> - ... .: - : > 

[0076] The DVD-audio encoder in the formatting circuit 19 provides operation of the formatting circuit 19 which will 
be indicated below. The formatting circuit 1 9 combines the first sub bit stream BS0, the second sub bit stream BS1„ the 

40 signal of the DTS, the signal.of the PTS, the signal of the. predetermined sampling frequency fs, and, the sig nal of the 
predetermined quantization bit number Qb into a main bit stream being a DVP-audio-format signal, the formatting cir- 
cuit 19 outputs the main bit stream, that is, the DVD-audio-format signal, to the transmission line 250 (see Fig. 1). 
[0077] The DVD-audio-format signal generated.by the formatting circuit 19 has. a . stream of packs including audio 
packs. As shown in Fig. 4, each audio pack has a sequence of 4-byte pack start information, 6-byte SCR (system clock 

45 reference) information, 3-byte mux rate information,. 1 ; -byte stuffing data.and 2,034-byte packet-form user data. Thus, 
each audio pack has 2,048 bytes. In each audio pack, pack start information, SCR information, mux rate information, 
and stuffing data compose a 1 4-byte pack header. SCR information in each audio pack serves as a time stamp. In each 
audio pack, 2,034-byte packet-form user data contains portions of the first sub bit stream BS0 and portions of the seer . 
ond sub bit stream BS1 . : . '-.::.-.!■■.■ : \i"->^ c ■ '•.)■>. :.w. ■■■;■,* ■ 

so [0078] . . A time stamp (SCR information) in a first audio pack among audio packs related to one title is set to "1 ". Time 
stamps in second and later audio packs related to the same title are set to serial numbers •2", "3" "4", • • , respec- 
tively. The serially-numbered time stamps make it possible to manage times of audio packs related to the same title. 
[0079] As shown in Fig. 5, one audio pack has a 1 4-byte or 19-byte pack header and an audio.packet. The pack 
header is followed by the audio packet. The audio packet has a sequence of a packet header, a private header, and 

55 audio data (PCM audio data). Preferably, the packet header has 19 bytes. The 1 0-th byte to the 14-th byte in the packet 
header are loaded with the PTS. The 15-th byte to the 19hth byte in the. packet header are loaded with the DTS. The 
packet header may have 14 bytes or another given number of bytes. The audio data has,1 byte to 2,015 bytes. The 
audio data contains portions of the first sub bit stream BS0 and portions of the second sub bit stream BS1 . 
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[0080] As shown in Fig; 5, the private header has a sequence of iiyte sub stream ID (identification) information, 
2-byte information of an UPC/EAN-ISRC (Universal Product Code/European Article Number- Inter national Standard 
Recording Code) number arid UPC/EAN-ISRC data,'1-byte information of the private header length, a 2-byte first 
access unit pointer. 4-byte audio data information ADI, and 0 to 7 stuffing bytes/ : ' J '""' 1 j ''■ ! f»"--' : v*'^. 

s [0081 ] . The 1-st byte if the audio data information Ap I represents a forward access unit search pointer to allow a 
search for a i^second-after access unit. The 2-nd byte of the audio data information ADI represents a backward access 
unit search pointer to allow a search for a i -second-before access 'unit. w ' . ][ : ' ' r ' '' v '- ; ' !5 : ~ 

[0082] As shown in Fig. 6, audio data in one audio packet has PPCM sync signals and sub packets' The PP CM 
sync signals alternate with the sub packets. Each PPCM sync signal and a : foibwirig sub packet Compose a PPCM 

10 access unit The sub packet in the first PPCM access unit has a sequence of a directory signal, a portion of the first sub 
bit stream BS0, a CRC (cyclic redundancy check) signal; a portion of the second sub bit stream BSi , a CRC'signal, arid 
an extra information piece. The sub packet in each of the second and later PPCM access units has a sequence of a : 
restart header, a portion of the first sub bit stream BS0, a CRC signal, a restart header, a portion of the second sub bit 
stream BS1 , a CRC signal, and an extra information piece. 

is [0083] Each PPCM sync signal contains an information piece representing the number of samples per packet; an 
information piece representing a data rate, an information piece representing the predetermined sampling frequency fs,- ' 
an information piece representing the predetermined quantization bit number Qb, an information piece representing 
channel assignment The number of samples per packet is set to 40, 80, or 1 60 in accordance with the predetermined 
sampling frequency fs. The information piece representing the data rate is set to ah identifier of "0" which denotes that 

20 audio data in the related sub packet is compressed data (compression-resultant data) with a variable bit rata 

[0084] As shown' in Fig. 7, the decoder 130 includes a deformatting circuit 21 which receives the main bit stream, 
that is, the DVD-audio-format signal, from the transmission line 250 (see Fig/ i). The deformatting circuit 2 T includes a 
DVD-audio decoder and a demultiplexer. The DVD-audio decoder is followed by the demultiplexer The DVD-audio 
decoder provides operation of the deformatting circurt2T which will be indicated below > ! ? 

25 [0085] The deformatting circuit 21 first separates an audio packet from every audio pack,' arid separates the first 
sub bit stream BS0 and the second sub bit stream BS1 from the main bit stream (the DVD -audio-format siignai). The 
deformatting circuit 21 separates the SCR information arid the DTS signal from the main bit stream. The deformatting 
circuit21 outputsthe SCR information arid the DTS signal to the input buffer 22a. The deformatting circuit 2 i separates 
the PTS signal from the rhain bit stream. The deformatting circuit 21 outputs the PTS signal to an output buffer (ariout- 

30 put memory) 55. The deformatting circuit 21 separates the data rate information (the data rate identifier) from the main 
bit stream. The deformatting circuit 21 outputs the data rate information to a' controller "50. The deformatting i circuit 21 
separates the forward and backward access unit search pointers from the main bit stream. The deformatting circuit 21 
informs the controller 50 bif the forward and backward access unit pointers. The deformatting circuit 21 separates the 
signal of the predetermined sampling frequency fs and the signal of the predetermined quantization bit number Qb from 

35 the main bit stream! The deformatting circuit 21 outputs the signal of the predetermined sampling frequency fs and the 
predetermined bit number Qbto a digftal-to-anaiog (D/A) converter 52. r: " ■ 'r^w*?. 

[0086] The demultiplexer in the deformatting circuit 21 provides operation of the deformatting circuit 21 which will 
be indicated below, the deformatting circuit 21 detects every frame header in the first sub bit stream BS0. For every 
frame, the deformatting circuit 21 demultiplexes, in response to the detected frame header, the first sub bit stream BS0 

40 into the first sample of the calculation-result signal Lf+Rf, the first sample of the calculation-result signal Lf^Rf, a set of 
the (Lf+Rf>related predictor-selection flags, a set of the (Lf— Rf)-related predictbr^electidn f lags, a set of the (Lf+Rf)- 
related bit-number flags, a set of the (Lf— Rf)-related bit-number flags, a 1 -frame-corresporrcling set of the packing- 
resultant samples of the selected (Lf+Rf)-related prediction-error signal, and a 1 -frame-corresponding set of the pack- 
ing-resultant samples of the selected (Lf— Rf)-related prediction-error signal. r "'^ 

45 [0087] The deformatting circuit 21 outputs the first sample of the calculation-result signal Lf+Rf to a prediction cir- 
cuit 24D1 for every friarne. The deformatting circuit 21 outputs every (Lf+Rf)-related predictor-selection flag to the pre- 
diction circuit 24D1 . The deformatting circuit 21 outputs 1 the first sample of the calculation-result signal Lf^Rf to a 
prediction circuit 24D2 for every frame. The deformatting circuit 21 outputs every (Lf-^-Rf)-reIated predictor-selection 
flag to the prediction circuit 24D2. The deformatting circuit 21 outputs every (Lf+Rf) related bit-number flag arid every 

so (Lf— Rf)-related bit-number flag to a de-packing circuit 22. The deformatting circuit 21 outputs every packing-resultant 
sample of the selected (Lf+Rf) -related prediction : error signal, and every packing-resultant sample of the selected 
(Lf— Rf)-related prediction-error signal to the input buffer 22a. ?-"-i r - '■■ • ■ 

[0088] The deformatting circuit 21 detects every frame header in the second sub bit stream BS1 . For every frame, 
the deformatting circuit 21. demultiplexes, in response to the detected frame header, the second sub bit stream BS1 

55 into the signal of the coefficient "a", the first sample of the calculation-result signal C-^{Ls+Rs)/2 , the first sample of 
the calculation-result signal Ls+Rs, the first sample of the calculation-result signal Ls — Rs.the'first sample of the cal- 
culation-result signal Lfe-— axC ,~a sert of the (C— (Ls+Rs)/2) -related predictor-selection flags, a set of the (Ls+Rs)- 
related predictor-selection flags, a set of the (Ls—Rs) -related predictor-selection flags; a set of the (Lfe^-axC )-related 
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predictor-selection flags, a set of the (C— (Ls+Rs)/2)-reiated bitrnumber flags, a set of the (Ls+Rs)-related bit-number, 
flags, a set of the (Ls— Rs)-reiated bit-number, flags, a set of the (LJe^xC )-related bit-number, flags! a 1 -frame-cor-' 
responding set of the packing-resultant samples of the selected (C^L3+Rs)/2>relied predictipn-errpr signal, a 1-. 
frame-corresponding set of the packing-resultant samples of the selected (Ls+Rs)-reiat^ f predicti^^ i : . 

5 frame-corresponding set of the pacWng-resurtant samples of the selected (Ls— fls)-r?lated predictibn^errpr.signal, and 
a 1 -frame-cbrresponding set of the packing-resultant samples 'of the selected (Ue-r^xC)-reJa^ sig- . 

nai. *' :: ( '; .'" ; : '', ; :; ;: ;/ ; y : ; v ; ^:::\..\:^:'\^'\ 

[0089] The deformatting circuit 21 outputs the signal of the coefficient "a" to the mix and matrix circuit 1 40 (see Fig. 
1). The deformatting circuit ^ 2.1 outputs .the first sample of the calculationrresult signal C-r^Ls+Rs)^ to a paction cir- 

io cuit 24D3 for every frame. The deformatting circuit 21 outputs every (C-— {Ls+Rs)/2 )-related predictor-selection flag to 
the prediction circuit 24 D3. The deformatting circuit 21 outputs the fjrst sample "of the c^culation-resujt signal, Ls+Rs to 
a prediction circuit 24D4 for every frame The deformatting circuit 21 outputs 'every (Ls+Rs)-reIated predictor-selection 
flag to the prediction circuit 24D4 The deformatting circuit 21 outputs the first sample of the, calculation-result signal 
Ls — Rs to a prediction circuit 24D5 for every frame The deformatting circuit 21 outputs every (Ls—Rs) -related predic- 
ts tor-selection flag to the prediction circuit 24D5 The deformatting circuit 21 outputs the first sample of the calculation- 
result signal Lfe— axC to a prediction circuit 241)6 for every frame The deformatting circuit 21 outputs every 
(Lfe— axC)-related predictor-selection flag to the prediction circuit 24D6 The deformatting circuit 21 outputs every 
(C— (Ls+Rsj/2 )-related bit-number flag, every (Ls+Rsj-related bit-number flag, every (Ls— Rs)-related bit-number flag, 
and every (Lie-THaxC J-related.bJt-number flag to the de-packing circuit 22, The deformatting circuit 21. outputs every 

20 packing-resultant sample of the selected (C— (Ls+Rs)/2 ^related prediction-error signal, every packing-resultant sam- 
ple of the selected (Ls+Rs^related prediction-error signal, every packing^esultant sample of the selected (Ls — Rs)- 
related prediction-error signal, and every packing resultant sampleof the selected ( LfeTT-axC )-related prediction-error 
. signal to the input buffer 22a 
[0090] As shown in Fig. 8, the selected (Lf+Rf)-related prediction-error signal, the selected (Lf— Rf)-related predic- 

25 tion-error signal, the selected (C — (Ls+Rs)/2 )-related prediction-error signal, the selected (Ls+Rs)-related prediction- 
error signal, the selected(Ls— Rs)-related prediction-errpr. signal, and the selected (Lfe— axC )-re|ated predjction-error 
signal are stored into the input buffer 22a in response to the SCR information for every access unit. As shown in Figs 
9 and 10, access units are variable in bit length As shown in Fig. 8, the selected (Lf+Rf)-related prediction-error signal, 
the selected (Lf— Rfj-reiated prediction-error signal, the selert^ (C^Ls+Rs)/2 J-rdated predictipn-en-pr signal, the 

30 selected (Ls+Rs)-reIated prediction-error signal, the selected (Ls-Rs)-related prediction-error signal, and the selected 
(Lfe— axC )-related prediction-error signal are read out from the input buffer 22a in response to the DTS signal before 
being fed to the de-packing circuit 22, The input buffer 22a serves as a FIFO memory. v . \ , _ , 

[0091 ] For every sub-frame, the de-packing circuit 22 implements the unpacking (expansion) of the packing-result- 
ant samples of the selected (Lf+Rf)-related prediction-error signal in response to the (Lf+Rf)-related bit-number flag 

35 The de-packing circuit 22 outputs the resultant (Lf+Rf)-related prediction -error signal.to the prediction circuit 24D1 For . 
every sub-frame, the de-packing circuit 22 implements the. unpacking (expansion) of the packing-resultant samples of 
the selected (U^-Rf)-related prediction-error signal in response to the (Lf— Rf)-related bit-number flag, The de packing 
circuit 22 outputs the '.resultant .(LfTrflfJ-related prediction-error signal, to. the prediction, circuit 24D2. For every sub- 
frame, the de-packing circuit 22 implements the unpacking (expansion) of the packing-resultant samples of the selected 

40 (C — (Ls+Rs)/2)-related prediction-error signal in response to the (C— {Ls+Rsj/2 ) -r elated brt-riumber flag. The de- 
packing circuit 22. outputs the resultant. { C--{Ls+Rs)/2 )-related prediction-^rrpr signal tp ; the prediction circuit 24D3. 
For every sub-frame, the de-packing circuit 22 implements the unpacking (expansion) of the packing-resultant samples 
of the selected (Ls+Rs)-related prediction-error signal in response to the (Ls+Rs)-related bit number flag The de-pack- 
ing circuit 22 outputs the resultant (Ls+Rs)-related prediction-error signal to the prediction circuit 24D4. For every sub- 

45 frame, the de-packing circuit 22 implements the unpacking (expansion) of the paddng-resujtant samples of the selected 
(Ls— Rs)-related prediction -error signal in response to the (Ls — Rs)-related bit-number flag. The de-packing circuit 22 
outputs the resultant (Ls— Rs)-reiated prediction-error signal to the prediction circuit 2405. For every sub-frame, the de- 
packing circuit 22 implements the unpacking (expansion) of the packing-resultant samples oif the selected ( Lfe — axC )- 
related prediction-error signal in response to the (Lfe-^axC )-related bit-number f|ag. The de-packing cirpuit 22 outputs 

so the resultant (Lie— raxQJ-reiated prediction-error signal to the prediction circuit 24D6. , , , f: 

[0092] Operation of the prediction circuit 24D1 is inverse with respect to operation of the f prediction. circuit 13D1 in. 
the encoder 120 (see Fig. 2). The prediction circuit 24D1 includes an adder which receives the (Lf^Rf)-related predic- 
tion-error signal. Also, the prediction circuit 24D1 includes predictors which have.the same characteristics as^hose of 
the predictors 13a-1, 13a-2, and 13a-n in the prediction circuit 13D*!, respectively, For. every sub-frame, one of 

55 the predictors in the prediction circuit 24D1. is selected in response to the (Lf+RQ-related predictor-selection f lag. Spe- 
cifically, one of the predictors is selected which has the same characteristic as the encoder-side predictor, used for the 
sub-frame of interest. The selected predictor generates a prediction-result signaj in response , to an output signal of the 
adder. The selected predictor is enabled to output the prediction-result. signal to the .^dder. Trie adder combines the 
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(Lf+Rf)-related prediction-|rrbr signal and the prediction-result signal into an (U+Rf)-reiated addrtion : resiilt signal, the 
adder outputs the (Lf+Rf)-related addition-result signal to the predictors, At a start of every frame, the (Li+Rf) -related 
addition-result signal is initialized to the ' the first sample of the calculation-result signal Lf+Rf. Then," the (Lf+Rf)-related' 
addition-result signal I is u^atiki sample by sample. A sequence of resultant samples of the (Lf+R^-related : additipn- 
s result signal is a sequence of samples of a reproduced signal corresponding to the calculation-result signal Lf+Rf but- 
putted from the mix and matrix circuit 1 1 6-in the audio signal encoding apparatus i 00 (see Rg. 1)/TTfi4 prediction circuit 
24D1 outputs the reproduced calculation-result signal Lf+Rf to the output buffer 55. 

[0093] ^ The predion ^ 24D4. 24D5\ and 24D6are^ circuit 

24D1 The prediction circurts 24D2, 24D3, 24D4, 24D5, and 24D6 operate similarly to the operation of the prediction 1 

10 circuit 24D1 The prediction circuit 24D2 reproduces the calculation result signal Lf— Rf. The prediction circuit 24D2 
outputs the reproduced calculation-result signal Lf— Rf to the output buffer 55. The prediction circuit 24D3 reproduces 
the calculation-result signal C— {Ls+Rs)/2 The prediction circuit 24D3 outputs the reproduced calculation-result signal " 
C— (Ls+Rs)/2 to the output buffer 55. The prediction circuit 24D4 reproduces the calculation-result signal Ls+Rs The 
prediction circuit 24D4 outputs the reproduced calculation-result signal Ls+Rs to the output buffer 55 The prediction 

is circuit 24D5 reproduces the calculation -result signal Ls— Rs The prediction circuit 24D5 outputs the reproduce calcu- 
lation-result signal Ls^-Rs to the output buffer 55 The precOction circuit 24D6 reproduces the calculation-result signal 
Lfe— axC The prediction circuit 24D6 outputs the reproduced calculation-result signal Lie— axC to the output buffer 

[0094] The reproduced calculation-result signal Lf+Rf, the reproduced calculation-result signal Lf— Rf, the repro- 

20 duced calculation-result signal C— (Ls+Rs)/2 , the reproduced calculation-result signal Ls+Rs, the reproduced calcula- 
tion-result signal Ls— Rs : and the calculation-result signal Lfe— axC are stored into the output buffer 55 The 
reproduced calculation-result signal Lf+Rf, the reproduced calculation-result signal Lf — Rf, the reproduced calculation 
result signal C— (Ls+Rs)/2 , the reproduced calculation-result signal Ls+Rs, the /produced calculation-result signal 
Ls— Rs. and the calculation-result signal Lfe — axC are read out from the output buffer 55 in response to the PTS sig 

25 nal before being fed to the mix and matrix circuit 140 (see Rg. 1) Accordingly the reproduced calculation-result signal 
Lf+Pf, the reproduced calculation-result signal Lf-Rf, the reproduced calculation-result signal C— {Ls+Rs)/2 s the reprb 
duced calculation-result signal Ls+Rs, the reproduced calculation-result signal Ls — Rs, and the calculation-result signal 
Lfe — axC are read out from the output buffer 55 presentation-unit by presentation-unit. Thus, as shown in Rg 10, 
access units are dhanged .into i presertation units which are f ixed in bit length. ;t 1 ;:} '' x ' ^ ' ' : ! ■ ; " 

30 [0095] Operation of a f irst portion of the mix and matrix circuit 140 is i nverse with respect to the operation of the mix 
and matrix circuit 1 1 0 in the audio signal encoding apparatus 1 00. The first portion of the mix and matrix circuit 1 40 con- 
verts a set of the reproduced calculation-result signal Lf+Rf, the reproduced calculation-result signal Lf— Rf r the repro- 
duced calculation-result signal C— {Ls+Rs)/2 the reproduced calculation-result signal Ls+Rs : the reproduced 
calculation result signal Ls— Rs, and the calculation-result signal Lfe— axC into a set of a reproduced left-front digital 

35 audio signal Lf a reproduced right-front digital audio signal Rf. a center digital audio signal C, a reproduced left-sur- 
round digital audio signal Ls : a reproduced fight surround digital audio signal Rs, and a reproduced low-frequency- 
effect digital audio signal lie The first portion of the mix iand matrix circuit 140 outputs the 6-channel reproduced digital 
audio signals Lf, Rf, C, Ls, Rs, and Lfe to the D/A converter 52 (see Fig 7) or an external device (not shown) The mix 
and matrix circuit 140 uses the signal of the coefficient "a" in generating the reproduced iow-frequency-effect digital 

40 audio signal Lfe. * -V-"< ■>•:■■•, ; w — ■■^Q ^ '<-'^-( to o-\vc=; { r ;- , * 

[0096] A second portion of the mix and matrix circuit 140 includes multipliers and adders designed and connected 
to mix the 6-channel reproduced digital audio signals Lf, Rf, C, Ls, Rs, and Lfe into a left-channel digital audio signal L 
and a right channel digital audio signal R according to equations as follows. 

45 -Lfe"" ,;c - ^y^y-^^'-r-^ 

R = m21 • Lf + m22 • Rf + m23 • C + m24 • Ls + m25 • Rs + m26 • Lfe 

where ml 1 -ml 6 and m21-m26 denote predetermined mixing coefficients The second portion of the mix and matrix clr- 
so curt 140 outputs the lefechannel digital audio signal L and the right-channel digital audio signal R to the D/A converter 
52 (see Rg. 7) or an external device (not shown). ; 7 ; -i : : ^ . ; ( " : " :: > : - - 
[0097] The D/A converter 52 changes the 6-channel reproduced digital audio signals Lf D Rf D C t Ls f Rs, and Lfe into 
corresponding 6-channel analog audio signals in response to the predetermined sampling frequency fs and the prede- 
termined quantization bit number Qb. The D/A converter 52 outputs the 6-channel analog audio signals to external 
55 devices (not shown). In addition, the D/A converter 52 changes the TeflPchanriei digital audio signal L and the right-chan- 
nel digital audio signai P into corresponding 2-channel anaiog audio signals in response to the signal of the predeter- 
mined sampling frequency fs and the signal of the predetermined quantization bit number Qb: the D/A converter 52 
outputs the 2-channel analog audio signals to external devices (not shown). : "' 
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[0098] The controller 50 is connected to an operation unit 51 . When a command for search playback is inputted into 
the controller 50 via the operation unit 51, the controller 50 acts to implement the playback of data from a desired 
access unit in response to the forward access unit search pointer or the backward access unit search pointer. . . ; , . „ . 
[0099] Preferably, the device 50 controls the de-packing circuit 22 in response to the data rate identif ier. When the 
s data rate identifier denotes that audio data in the related sub packet is compressed data (compression^resultant data), : 
the controller 50 enables the de-packing circuit 22 to implement the desired data expansion process. , . . ... 
[0100] An fs conversion circuit may precede the mix and matrix circuit 1 10. The fs conversion circuit, is the same as 
an fs conversion circuit 109 in a sixth embodiment of this invention which will be explained later. 

10 Second EmfrqtiimQnt , v r. . v . r . 

[0101] A second embodiment of this invention is similar to the first embodiment thereof except for design changes - 

mentioned later.:,,-.. v .,:••;.•:;;*', /{ : ■ i - : w:-i- 

[0102] - With reference to Fig... 11, the second embodiment of this invention includes a packeting processor 350 

is which follows the audio signal encoding apparatus 100. The packeting processor 350 encodes the output signal of the 
audio signal encoding apparatus (that is, the main bit stream) into a packet stream. The packeting processor 350 ^trans- 
mits the packet stream to a: communication network (or a communication line) 360. . »= ,: : : 
[0103] A de-packeting processor 370 receives the packet stream from the communication network 360. The de- 
packeting processor 370 decodes the packet stream into the main bit stream. The de-packeting processor 370 outputs 

20 the main bit stream to the audio signal decoding apparatus 200. ?J ~ ; : 

[0104] Tne packeting processor 350 operates in accordance with a control program stored in its internal ROM or 
another memory. Fig. 12 is aflowchart of a segment of the control program. As shown in Rg. 12, a first step S41 of the 
program segment divides the main bit stream into basic packets each having a predetermined number of bits. A step 
S42 following the step S41 adds headers to the starting ends of the basic packets to change the basic packets to final 

25 packets respectively. Generally, the added headers include destination addresses. A step S43 subsequent tq the step 
S42 sequentially transmits the final packets to the communication network 360. 

■v [0105] :The de-packeting processor 370 operates in accordance with a control program stored in its internal ROM 
or another memory. Rg. 13 is a flowchart of a segment of the control program. As shown in Rg. 13, a first step S51 of 
the program segment removes headers from received packets. A step S52 following the step S51 recovers the main bit 

30 stream from the header-less packets. A step S53 subsequent to the step S52 stores the recovered main bit stream into 
a buffer memory provided in the de-packeting processor 370. The main bit stream is transmitted from the buffer memory 
to the audio signal decoding apparatus 200. .... : « > ;v ; y.z 

Third ^rnbocjiment : u- v- : - : ■ v. =rv 

[01 06] A third embodiment of this invention is similar to the first embodiment thereof except for design changes indi- 
cated hereinafter. In the third embodiment of this invention, an audio signal encoding apparatus includes a down mixing 
circuit which converts a set of 6-channel input digital audio signals Lf , Rf, C, Ls, Rs, and Lfe into a pair of a left-channel 
digital audio signal L and a right-channel digital audio signal R as the mix and matrix circuit 1 40 in the first embodiment 

40 of this invention does. A mix and matrix circuit following the down mixing circuit converts a set of the digital audio.signals 
L, R, C, Ls, Rs, and Lfe into a set of a calculation-result signal L+R, a calculation-result signal L— R, a calculation-result 
signal C — (Ls+Rs)/2 , a calculation-result signal Ls+Rs, a calculation-result signal Ls— As, and a calculation-rresult sig- 
nal Lfe— C. The calculation-result signals L+R, L — R, C— (Ls+Rs)/2 , Ls+Rs, Ls— Rs, and Lfe— C are encoded as the 
calculation-result signals Lf+Rf, Lf— Rf, C^(Es+Rs)/2, Ls+Rs, Ls — Rs.and Lfe-raxC are ;encoded .in the first 

45 embodiment of this invention. ■•-..•■■«:.-.;■ 

[0107] The calculation-result signals L+R, L— fl, C — (Ls+Rs)/2 , Es+Rs, Ls— Rs.and Lfe — C are reproduced by a 
decoding process as the calculation-result signals Lf+Rf, Lf— Rf, C — (Ls+Rs)/2 , Ls+Rs. Ls— Rs, and Lfe— axC are 
reproduced in the first embodiment of this invention. The left-channel digital audio signal L is recovered by adding the 
reproduced calculation-result signal L+R and the reproduced calculation-result signal L— R. The right-channel digital 

so audio signal R is recovered by subtracting the reproduced calculation T result signal L—rR from the reproduced calcular 
tion-result signal L+R. ■ v ■ r..-.r, s - : >: ■• : • ■■: 

Fourth Embodiment •; ■• .. :: •».//• ■ •■ . ■; 

55 [0108] Fig. 14 shows a fourth embodiment of this invention which is similar to the first embodiment thereof except 
for design changes indicated hereinafter. The fourth embodiment of this invention includes mix and matrix circuits 1 1 0A 
and 140A instead of the mix and matrix circuits 110 and 140 in the first embodiment of this invention. 
[01 09] The mix and matrix circuit 1 1 0A includes a down mixing circuit which converts a set of 6-channel input digital 
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audio signals Lf, Rf, C, Ls, Rs, and Lie into a pair of a left-channel digital audio signal L and a right-channel digital audio 
signal R as the mix and matrix circuit 1 40 in the first embodiment of this invention does, the mix and matrix circuit 1 1 0A 
outputs the left-channel digital audio signal Land the right-channel digital audio signal R to an encoder 1 20: : r 1 
[01 1 0] " The mix and matrix circuit 1 1 0A converts a set of the input digital audo signals C, Ls, * Rs, and Ife into a set 

5 of a calculation-result signal C— (Ls+Rs)/2 , a calculation-result signal Ls+Rs, a calculation-result signal Ls— Rs, and 
a calculation-result signal Lfe-^C. The mix and matrix circuit 11 OA outputs the calculation-result signals C— {Ls+Rs)/2 , '■ 
Ls+Rs, Ls— Rs, and Ue—£ to the encoder 120. " ' 1 ■ ' : n;1 . - r ■ '. r -■ 

[0111] The digital audio signals L, R f C— (Ls+Rs)/2 , Ls+Rs, Ls— Rs, and Lfe"— C are encoded by the device 120 
as the calculation-result signals Lf+Rf, Lf— Rf, C— (Ls+Rs)/2 , Ls+Rs, Ls— Rs, and Lie— axC are encoded in the first 

io embodiment of this invention. In this case, the digital audio signals L and R are stored in a portion of the first sub bit 
steam BS0 shown in Fig. 6, and the other audio signals C— <Ls+Rs)/2 , Ls+Rs, Ls — Rs, and Lfe— C are stored in a por- 
tion of the second sub bit stream BS1 shown in Fig. 6." 1 ' 

[0112] In the fourth embodiment of this invention, a decoder 130 reproduces the digital audio signals U R, 
C— (Ls+Rs)72 ; Ls+Rs, Ls— Rs, and Lfe— C. The decoder 130 outputs' the reproduced digital audio signals L t ' R, 

is C — (Ls+Rs)/2 ; Ls+Rs, Ls— Rs; and Lie-^C to* the mix and matrix circuit 140A.^ '■■ : ; • ■• t -'— 

[0113] The mix and matrix circuit 140 A converts a set of the reproduced digital audio signals C— (Ls+Rs)/2 , 
Ls+Rs, Ls — Rs, and Lfe — C into a set of the reproduced digital audio signals C, Ls, Rs, and Lfe. The mix and matrix 
circuit 1 40 A outputs the reproduced digital audio signals C, Ls, Rs, and Lie. ' v • ^ - V; " ■'■••'>'■ ; 

[0114] The mix and matrix circuit 140A reproduces the digital audio signals Lf and Rf by suitably combining the 

20 reproduced digital audio signals L, R, C, Ls, Rs, and Lfe. The mix and matrix circuit 140A outputs the reproduced digital 
audio signals Lf and Rf. In addition, the mix and matrix circuit 140 A outputs the reproduced digital audio signals L and 
R. In this embodiment, if users want to reproduce only the digital audio signal L and the digital audio signal R without 
other channels, the signal processing bythe mix arid matrix circuit 1 40A can be simpler. v • 

25 Fifth Embodiment ' - : "I* " ' ; ••">:?•■> osoU .■ r .*-> .■••tvO ■ t * m ir*-V\-i- 

[01 15] A fifth embodiment of this invention is similar to the first embodiment thereof except for design changes indi- 
cated hereinafter. ^ ' '••*• '• •■" " ! - : 

[01 1 6] Fig. 1 5 shows an audio signal encoding apparatus in the fifth embodiment of this invention. The audio signal 

30 encoding apparatus of Fig. 15 processes 6-channel input digital audio signals Lf, C, Rf, Ls, Rs, and Lfe. 

[0117] The audio signal encoding apparatus of Fig. 15 includes a buffer 10. The digital audio signals Lf, C, Rf, Ls, 
Rs, and Lfe are stored into the buffer 10 frame by frame. The digital audio signals Lf, C, Rf, Ls, Rs, and Lfe are trans- 
mitted from the buffer 10 to each of "m M correlation circuits 60-I, • • • , and 60-m. For every frame, The first samples of 
the digital audio signals Lf, C, Rf, Ls, Rs, and Lfe are transmitted from the buffer 10 to a formatting circuit 19. "•■-■>; 

35 [0118] Each of the correlation circuits 60-I, • • • , and 60-m converts a set of the digital audio signals Lf, C, Rf, Ls. 
Rs, and Lfe into a set of 6 calculation-result signals by a mixing process. The mixing processes by the correlation cir- 
cuits 60-I, • • and 60-m are different from each other. ; 1 1 ; ; • <. .< < •■•;» r.-. 
[01 19] For example, the 1 -st correlation circuit 60-I converts a set of the digital audio signals Lf, C, Rf, Ls, Rs, and 
Lfe into a set of 6 calculation-result signals Lf, C— (Ls+Rs)/2 , Pf— Lf,/Ls-^axLfe , Rs— bxRf, and life where "a" and 

40 V denote fixed or variable coefficients in the range between 0 and 1. For example, the m-th correlation circuit 60-m 
converts a set of the digital audio signals Lf, C, Rf, Ls, Rs, and Lfe into a set of 6 calculation-result signals Lf+Rf, C — Lf, . 
Rf_ Lf, Ls— Lf.Rs— Lf, andLfe— C. - ' ■• ^ ,- 

[0120] Each of the correlation circuits 60-I, • • • . and 60-m outputs the 6 calculation-result signals to 6 different pre- 
diction circuits respectively. The 6 different prediction circuits are followed by 6 buffer and selectors respectively. . 

45 [0121] For example, the 1-st correlation circuit 60-I outputs the calculation-result signals Lf, C— <Ls+Rs)/2 , Rf— Lf, 
Ls_axLfe, Rs— bxRf , arid Lfe to prediction circuits 13D1-1, 13D2-1, 13D3-1, 13D4-1, 13D5-1, and 13D6-1 respec- 
tively. The prediction circuits 13D1-1, 13D2-1, 13D3-1, 13D4-1, 13D5-1, and 13D6-1 are followed by buffer and selec- 
tors 14D1-1, 14D2-1, 14D3-1, 14D4-1, 14D5-1, and 14D6-1 respectively. For example, the m-th correlation circuit 60- 
m outputs the calculation-result signals Lf+Rf, C— Lf, Rf— Lf, Ls— Lf, Rs— Lf, and Lfe-^Cto prediction circuits 13D1-m, 

so 13D2-rrv13D3-m, 13D4-m; 13D5-m, and 13D6-m respectively. The prediction circuits 13D1-m, 13D2-m, 13D3-m, 
13D4-m, 13D5-m, and 13D6-m are followed by buffer and selectors 14D1-m, 14D2-m, 14D3-m, 14D4-m, 14D5-m, and 
14D6-m respectively. 

[0122] Thus, there are w m" groups each having one correlation circuit, 6 prediction circuits, and 6 buffer and selec- 
tors. The first prediction circuits in the respective groups are equal to each other. The second prediction circuits in the 
55 respective groups are equal to each other. The third prediction circuits in the respective groups are equal to each other. 
The fourth prediction circuits in the respective groups are equal to each other. The fifth prediction circuits in the respec- 
tive groups are equal to each other. The sixth prediction circuits in the respective groups are equal to each other. 
[0123] A selection signal/DTS generator 17E searches the 6 buffer and selectors in each of the groups for the 
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smallest prediction-rerror signals. In addition, the selection signal/DTS generator ,1 7E calculates the total data amount 
of the smallest predictipnrerror signals in each of the groups. The selection signal/DTS generator .1 7E compares the 
calculated total data amounts for the respective groups, and decides the minimum data amount among the .calculated . 
total data amounts. The selection signal/DTS generator 17E selects one from among the groups which corresponds to 
5 the decided minimum data amount The selection signal/DTS generator 17E enables the 6 buffer and selectors in the . 
selected group to output the smallest prediction-error signals to a packing circuit 1 8. 

[01 24] The selection signai/DTS generator 1 7E produces a flag representing the selected group. The selection sig- 
nal/DTS generator 17E outputs the selected-group flag to a formatting circuit 19 as a correlation-circuit-selection flag. 
[0125] A signal representing the coefficient rt a".isarjplied, to th 
10 ficient "b" is also applied to the formatting circuit 19. The formatting circuit 19 multiplexes or combines the, correlation- 
circuit-selection flag, the signal of the coefficient "a", the signal of the coefficient V, and other signate into a main bit 

Stream. "..?..> V. .v-"' --ry^ ^ • -V-Xi, v. ......... = !; : i-;>;:r:-'J ■■: ' ~- 

[0126] Rg. 16 shows an audio signal decoding apparatus in the fifth embodiment of this invention. The audio signal 
decoding apparatus of Fig. 16 includes a set 62 of "m" correlation.circuits 62-!,. • ,-. and 62-m. An output buffer 55 out- 
15 puts 6 reproduced calcuiation-rresuit signals to each of the correlation circuits 62-I, • , and 62-m, Regarding opera- 
tion, the correlation circuits 62-h and. 62-m are inverse with respect to the correlation circuits 60-I, ■ •., and 60- 
m, respectively. 

[0127] In the audio signal decoding apparatus of Fig. 1 6, a deformatting circuit 21 separates the correction-circuit- 
selection flag, the signal of the coefficient "a", and the signal of the coefficient "b" from the main bit stream. The defor- 

20 matting circuit 21 outputs the correction-circuit-selection flag, the signal of the coefficient "a", and the signal of the coef- 
ficient "b" to the correlation circuit set 62. : .- s .-. v .v.:.. n 
[0128] In the correlation circuit set 62, one of the correlation circuits 62-I, • • • , and 62-m is selected in response 
to the correction-circuit-selection flag. The selected correlation circuit 62-I, • • • , or 62-m corresponds to the selected 
correlation circuit 60-i, • • • , or 60-m in theaudio signal encoding apparatus for the present output signals from the out- 

25 put buffer 55. The selected correlation circuit 62-I, • ■ • , or 62-m converts a set of the 6 reproduced calculation -result 
signals into a set of reproduced digital audio signals Lf, C, Rf, Ls, Rs, and Lfe. Only the selected correlation circuit 62- 
I, • • or 62-m is enabled to output the reproduced digital audio signals Lf, C, Rf, Ls, Rs, and Lie.: ; : ; 
[01 29] A down mixing circuit may follow the correlation circuit set 62. In this case, the down mixing circuit converts 
a set of the reproduced digital audio signals Lf, Rf, C, Ls, Rs, and Lie into a pair of a left-channel digital audio signal L 

30 and a right-channel digital audio signal R as the mix and matrix circuit 1 40 in the first embodiment of this invention does. 

Sixth Embodiment -.-v- v -v 

[0130] A sixth embodiment of this invention is similar to the fourth embodiment thereof except for design changes 
35 indicated hereinafter. 

[0131 ] Fig. 17 shows an audio signal encoding apparatus in the sixth embodiment of this invention. The audio sig- 
nal encoding apparatus of Fig. 17 includes an fs conversion circuit 109 receiving input digital audio signals C, Ls, Rs, 
and Lie. Input digital audio signals Lf and Rf are directly fed to the mix and matrix circuit 11 OA. The fs conversion circuit 
109 equalizes the sampling frequencies of the input digital audio signals C, Ls, Rs, and Lfe to a predetermined fre- 

40 quency. Preferably, the predetermined frequency is equal to the highest frequency among the sampling frequencies of 
the input digital audio signals C, Ls, Rs, and Lfe. The fs conversion circuit 109 outputs the conversion-resultant digital 
audio signals C, Ls, Rs, and Lfe to the mix and matrix circuit 11 OA. Accordingly, the mix and matrix circuit 110A proc- 
esses a set of the input digital audio signals Lf and Rf, and the conversion-resultant digital audio signals C, Ls, Rs, and 
Lfe outputted from the fs conversion circuit 109. •• 

45 [0132] : The fs conversion circuit 109 enables the mix and matrix circuit 1 1 0A to suitably operate even jn the case 
where the input digital audio signals C, Ls. Rs, and Lfe have different sampling frequencies. ;.■••</,;■.•■.■■. 

Seventh Embodiment 

so [01 33] " A seventh embodiment of this invention is similar to the first embodiment thereof except for design changes 
indicated hereinafter. 

[01 34] Fig. 1 8 shows a structure of an audio packet used in the seventh embodiment of this invention. As shown in 
Rg. 1 8, audio data in one audio packet has PPCM sync signals and sub packets. The PPCM sync signals alternate with 
the sub packets. Each PPCM sync signal and a following sub packet compose a PPCM access unit The sub packet in 
55 the first PPCM access unit has a sequence of a directory signal, a portion of the sub bit stream BS0, a CRC (cyclic 
redundancy check) signal, and an extra information piece. Thus, the sub packet in the first PPCM access unit is devoid 
of a portion of the sub bit stream BS1 (see Rg. 6). The sub packet in each of the second and later PPCM access units 
has a sequence of a restart header, a portion of the sub bit stream BS0, a CRC signal, and an extra information piece. 



17 



EP 1 001 549 A2 



Thus, the sub packet in each of the second and later PPCM is devoid of a portion of the sub bit stream BS1 (see Fig. 6). 
[0135] jhe digital audio signals' L and R are placed and in the sub bit stream BSO while other channel signals are 
not placed therein. 1 ' ' 



Claims 




1. An audio signal encoding apparatus comprising: " • •'• '- : • ' •' • \ •'•'T-v^V'. 

means for compressing multiple-channel digital audio signals into compression-resultant multiple-channel sig- 
nals respectively,' the multiple-channel digital audio signals relating to a sampling frequency and a quantization 
brt number; and •""•••*' * :: *' - x " i" • -r < ■ ■ *' :=-.:•'•:■•■.<• (■■.■■■. 

means for formatting the compression-resultant multiple-channel signals, a signal representative of the sam- 
pling frequency, and a signal representative of the quantization bit number into a formatting-resultant signal, 
the formatting-resultant signal containing a sub packet and a sync information portion. the sub packet contain- 
ing at least portions of the compression-resultant multiple-channel signals^ the sync inforrnatiori portion con- 
taining the signal representative of the sampling frequency and the signal representative of the quantization bit 
number. 

2. An optical recording medium storing a formatting-resultant signal containing a sub packet and a sync information 
portion, the sub packet containing at least portions of compression-resultant multiple-channel signals which result 
from compressing multiple-channel digital audio signals respectively, the sync information portion containing a sig- 
nal representative of a sampling frequency related to the multiple-channel digital audio signals and a signal repre- 
sentative of a quantization bit number related to the multiple-channel digital audio signals. 

r.3. An audio signal decoding apparatus comprising: .; ■ # v r 

?i means for separating a formatting-resultant signal into a sub packet and a sync information portion; -<-■ - 

means for extracting compression-resultant multiple-channel signals from the sub packet; 
means for expanding the extracted compression-resultant multiple-channel signals into multiple-channel digital 

: audio signals respectively; ' :;v v"' : ?r. 

means for extracting a signal representative of a sampling frequency and a signal representative of a quanti- 
zation bit number from the sync information portion; and 

means for converting the multiple-channel digital audio signals into analog audio signals in response to the sig- 
nal representative of the sampling frequency and the signal representative of the quantization bit number. 

4. A method of transmitting an audio signal, comprising the steps of:' 

compressing ^multiple-channel digital audio signals into compression-resultant multiple-channel signals 
respectively, the multiple-channel digital audio signals relating to a sampling frequency and a quantization-bit 
number; ' ; •« •'•' •'••• ■' ■ \ -.■ -. .■»? ■i^r--/- 1 . : y.y. *. : i ■•■.y—r. 

formatting the compression-resultant multiple-channel signals, a signal representative of the sampling fre- 
quency, and a signal representative of the quantization bit number into a formatting-resultant signal, the format- 
ting-resultant signal containing a sub packet and a sync information portion, the sub packet containing at least 
portions of the compression-resultant multiple-channel signals, the sync information portion containing the sig- 
nal representative of the sampling frequency and the signal representative of the quantization bit number; and 
transmitting the formatting-resultant signal through a communication line. : ».!'•*■ 

5. An audio signal encoding apparatus comprising: 

means for compressing multiple-channel digital audio signals into compression-resultant multiple-channel sig- 
nals respectively; and 

means for formatting the compression-resultant multiple-channel signals and an identifier into a formatting- 
resultant signal, the formatting-resultant signal containing a sub packet and a sync information portion, the sub 
packet containing at least portions of the compression-resultant multiple-channel signals, the sync information 
portion containing the identifier, the identifier, representing that signals in the sub packet are compression- 
resultant signals • .■' - '■: • . r ■ *....•;■•„■ . - -± ..y^ v v : ; 

6. An optical recording medium storing a formatting-resultant signal containing a sub packet and a sync information 
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portion, the sub packet containing at least portions of compression-resultant multiple-channel signals which result 
from compressing multiple-channel digital audio signals respectively, the sync information portion containing an 
identifier representing that signals in the sub packet are compression-resultant s^ 

7. An audio signal decoding apparatus comprising 

means for separating a fprmatting-resultant signal Into a .sub packet and a sync informatipn .pprtiori; 
means for extracting compression-resultant multiple-chann^ ; '•' " x . . 

means for extracting an identifier from the sync information portion, the identifier representing that signals in 

the sub packet are compression-resultant signals; and , .. ........... ..... 

means for expanding the extracted compression-resultant multiple-channel signals into multiple-channel digital 
audio signals in response to the ©ctracted identifier, respectively. . . ( ;,„...,„ 

8. A method of transmitting an audio signal, comprising the steps of 

compressing multiple-channel digital audio signals into compression-resultant multiple-channel signals 
respectively; , ,"«.."',.'.. 1; ^ ^ T "...V.' ^ : . ( ' ,3. . .,. ... ->■■■. 

formatting the compression-resultant multiple-channel signals and an identifier into a formatting-resultant sig- 
nal, the formatting-resultarrt signal containing a subpacket and a sync information portion, the sub packet con- 
taining at least portions of the compression-resultant multipie-channel signals, the sync information portion 
containing the identif ier, the identifier representing that signals in the sub packet are cpnpression-resultant sig- 
nals; and : ; :. V 
transmitting the formatting-resultant signal through a communication line. 

9. A DVD-audio ; disc stonng an audio pack loaded with a formatting-resultant signal containing a sub packet and a 
sync information portion, the sub packet containing at least portions of compression-resultant muftiple-channei sig- 
nals which result from compressing multiple-channel digrtal audio signals respectively; <the sync information portion 
containing a signal representative of a sampling frequency related to the multipje-criannel digital audio signals and 
a signal representative of a quantization bit number related to the multiple-channel digital audio signals. . 

10. An audio signal decoding apparatus as recited in claim 3, further compnsing means for separating an audio packet 
from an audio pack, the audio packet containing said formatting-resultant signal. 

11 . A DVD-audio disc storing an audio r pack loaded with a fprmatting-resultant signal containing a sub packet and a 
sync information portion, the sub packet containing at least portions of corrpressipn-resultant multiple-channel sig- 
nals which result frpm compressing multiple channel digital audio signals respectively, the sync information portion 
containing an identifier representing that signals in the sub packet are compression-resultant signals ( ... .. 

12. An audio signal decoding apparatus as recited in claim 7, further comprising means for separating an audio packet 
from an audio pack, the audio.packet containing said formatting-resujtant signal. .,, t . . 

13. A transmission medium for transmitting data being in a format and being made by a method comprising the steps 

Of: ..... , .., , V| ,.,. s . r , : . , , ; , , . j ■ , . . ....... , r ... .... , ..■ ......... , 

compressing multiple-channel .digital audio, signals into compression-resultant multiple-channel signals 
respectively; and . . 

formatting the compression-resultant multiple-channel signals and an identifier into a fprmatting-resuitant .sig- 
nal, the formatting-resultant signal containing a sub packet and a sync information portion, the sub packet con- 
taining at least portions of the compression-resultant multiple-channel signals the sync information portion 
containing the identifier, the identifier representing that signals in the sub packet are compression-resultant sig- 
nals. 

14. A transmission medium for transmitting a formatting-resultant signal containing a sub packet and a sync informa- 
tion portion, the sub packet containing at least portions of compression-resultant multiple-channel signals which 
result from compressing multiple-channel digital audio signals respectively, the sync information pprjion containing 
an identifier representing that signals in the sub packet are compression-resultant signals. 

1 5. A transmission medium for transmitting a formatting-resultant signal, which is decoded,by an audio signal decoding 
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apparatus comprising: 

means for separating the formatting-resuferrt signal into a sub packet and a sync information portion; 
means for extracting compression-resultant multiple-channel signals from the sub packet; 
means for extracting an identifier from the sync information portion, the identifier representing that signals in 
the sub packet are cornpression-resultant signals: and 

means for expanding the extracted compression-resultant multiple-channel signals into multiple-channel digital 
audio signals in response to the extracted identifier, respectively 

16. A transmission medium for transmrttingan audio signal by a method comprising the steps of 

compressing multiple-channel digital audio signals into compression-resultant multiple-channel signals 
respectively; 

formatting the compression-resultant multiple-channel signals and an identifier into a formatting-resultant sig- 
nal, the formattingresultant signal containing a sub packet and a sync information portion, the sub packet con- 
taining at least portions of the compression-resultant multiple-channel signals, the sync information portion 
containing the identifier, the identifier representing that signals in the sub packet are compression-resultant sig- 
nals; arid " '; : ' ; ; ; " ; ■"' ' '■ "!"'."" ' V "*['"'"] : 
transmitting the formatting resultant signal through a communication line. 

17. A transmission medium for transmitting data being in a format and being made by an audio signal encoding appa- 
ratus comprising: 

means for compressing multiple-channel digital audio signals into compression-resultant multiple-channel sig- 
nals respectively, the multiple-channel .digital audio signals relati rig to a sampling f requ ency and a quantization 
bit number; and . '■ '■' '* " ' .-:.-■•«.;*...■' ... !■; . .; . : • 

means for formatting the compression-resultant multiple channel stgnals, a signal representative of the sam- 
pling frequency, and a signal representative of the quantization bit number into a formatting resultant signal, 
the formatting-resultant signal containing ai sub packet arid a sync information portion, the sub packet contain- 
ing at least portions of the compression-resultant multiple-channel signals, the sync information portion con- 
taining the signal representative of the sampling frequency and the signal representative of the quantization bit 
number. VJ " ••' ;!; :h :iv:; ' : '< ; 

18. A transmission medium for transmitting a formatting resultant signal containing a sub packet and' a sync informa- 
tion portion, the sub packet containing at least portions of compression-resultant multiple-channel signals which 
result from compressing multiple-channel digital audio signals respectively, the sync information portion containing 
a signal representative of a sampling frequency related to the multiple-channel digital audio signals and a signal 
representative of a quantization bit number related to the multiple-channel digital audio signals. 

19. A transmission medium for transmitting a formatting-resultant signal which is decoded by an audio signal decoding 
apparatus comprising: ...... 

means for separating a formatting-resultant signal into a sub packet and a sync information portion; 
means for extracting compression-resultant multiple-channel signals from the sub packet; 
means for expanding thei extracted compression-resultant multiple-channel signals into multiple-channel digital 
audio signals respectively; ! 5 ; ; " 

means for extracting a signal representative of a sampling frequency and a signal representative of a quanti- 
zation bit number from the sync information portions and 

means for corwerting the multiple-chknriel digital audio signals into analog audio signals in response to the sig- 
nal representative of the sampling frequency and th4 signal representative of the quantization bit number. 

20. A transmission medium for transmitting an audio signal by a method comprising the steps of: 

compressing multiple-channel digital audio signals into cornpression-resultarit" multiple-channel signals 
respectively, the multiple-channel digital audio signals relating to a sampling frequency and a quantization bit 
number; r '"' '" •"■ • -c - -f » . -- 

formatting the compression-resultant multiple-channel signals, a signal representative of the sampling fre- 
quency, and a signal representative of the quantization bit number into a formatting-resultant signal, the format- 
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ting-resultant signal containing a sub packet and a sync information portion, the sub packet containing at least 
portions of the compression-resultant multiple-channel signals, the sync information portion containing the sig- 
nal representative of the sampling frequency and the signal representative of the quantization bit number; and 
transmitting the formatting-resultant signal through a communication line. 

21. An audio signal encoding apparatus comprising: 

an fs conversion circuit for equalizing sampling frequencies of first multiple-channel digital audio signals to con- 
vert a set of the first multiple-channel digital audio signals into a set of second multiple-channel digital audio 
signals; 

means far compressing the second multiple-channel digital audio signals into compression-resultant multiple- 
channel signals respectively, the second multiple-channel digital audio signals relating to a sampling frequency 
and a quantization bit number; and : 

means for formatting the compression-resultant multiple-channel signals, a signal representative of the sam- 
pling frequency, ^nd a signal representative of the quantization bit number into a formatting-resultant signal, 
the formatting-resultant "signal containing a 'sub packet and a sync information portion, the sub packet contain- 
ing at least portions of the compression-resultant multiple-channel signals, the sync information portion con- 
taining the signal representative of the sampling frequency and the signal representative of the quantization bit 
number. i : jh ; vA <\;.* : : i"u 

22. An optical recording medium storing a formatting-resultant signal containing a sub packet and a sync information 
portion, the sub packet containing at least portions of compression-resultant multiple-channel signals which result 
from equalizing sampling frequencies of multiple-channel digital audio signals and then compressing the multiple- 
channel digital audio signals respectively, the isyric information portion containing a signal representative of a sam- 
pling frequency related to the multiple-channel digital audio signals and a signal representative of a quantization bit 
number related to the multiple-channel digital audio signals. 

23. A method of transmitting an audio signal, compriang^the steps of: 

equalizing sampling frequencies of first multiple-channel digital audio signals to convert a set of the first multi- 
ple-channel digital audio signals into a set of second multiple-channel digital audio signals; 
compressing the second multiple-channel digital audio signals into compression-resultant multiple-channel 
signals respectively, the second multiple-channel digital audio signals relating to a sampling frequency and a 
quantization bit number; 

formatting the compression-resultant multiple-channel signals, a signal representative of the sampling fre- 
quency, and a signal representative of the quantization bit number into a formatting-resultant signal, the format- 
ting-resultant signal containing a sub packet and a sync information portion, the sub' packet containing at least 
portions of the compression-resultant multiple-channel signals, the sync information portion containing the sig- 
nal representative of the sampling frequency and the signal representative of the quantization bit number; and 
transmitting the formatting-resultant signai.through a communication line. 

24. A transmission medium for transmitting an audio signal by a method comprising the steps of: 

equalizing sampling frequencies of first multiple-channel digital audio signals to convert a set of the first multi- 
ple-channel digital. audio signals into a set of second multiple-channel digital audio signals; 
compressing the second multiple-channel digital audio signals into compression-resultant multiple-channel 
signals respectively, the second multiple-channel digital audio signals relating to a sampling frequency and a 
quantization bit number; .: C ::■ c 

formatting the compression-resultant multiple-channel signals, a signal representative of the sampling fre- 
quency, and a signal representative of the quantization bit number into a formatting-resultant signal, the format- 
ting-resultant signal containing a sub packet and a sync information portion, the sub packet containing at least 
portions of the compression-resultant multiple-channel signals, the sync information portion containing the sig- 
nal representative of the sampling frequency and the signal representative of the quantization bit number; and 
transmitting the formatting-resultant signal through a communication line. 
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